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Abstract
Testing and verification of digital hearing aid devices, and the embedded software and
algorithms can prove to be a challenging task especially taking into account time-to-market
considerations. This thesis describes a PC based, real-time, highly configurable framework for
the evaluation of audio algorithms. Implementation of audio processing algorithms on such
a platform can provide hearing aid designers and manufacturers the ability to test new and
existing processing techniques and collect data about their performance in real-life situations,
and without the need to develop a prototype device.
The platform is based on the Eurotech Catalyst development kit and the Fedora Linux OS,
and it utilizes the JACK audio engine to facilitate reliable real-time performance
Additionally, we demonstrate the capabilities of this platform by implementing an audio
processing chain targeted at improving speech intelligibility for people suffering from auditory
neuropathy. Evaluation is performed for both noisy and noise-free environments. Subjective
evaluation of the results, using normal hearing listeners and an auditory neuropathy simulator,
demonstrates improvement in some conditions.

Keywords: Intel high definition audio (Intel HDA), audio hardware design, Linux, JACK,
Real-time processing, digital signal processing, envelope enhancement, noise reduction, voice
activity detection.
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Chapter 1
Introduction
1.1

Human Hearing

Human hearing involves the perception of acoustic vibrations through the auditory system.
Figure 1.1 illustrates the structure of human ear, which is composed of outer, middle and inner
ears, as well as the central auditory nervous system.

Figure 1.1: Anatomy of the human ear [1]
The outer ear consists of the pinna and the external auditory canal which terminates at the
tympanic membrane. The acoustic signals channel through the auditory canal and impinge on
1
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the tympanic membrane, setting it in vibration. The tympanic membrane is connected to three
bones that constitute the middle ear: malleus, incus and stapes. This arrangement of the middle
ear bones enables efficient transfer of acoustic energy to the inner ear. The inner ear can be
divided into three parts: the semicircular canals, the vestibule and the cochlea. The cochlea
is a spiral-shaped structure filled with fluid. The fluid is set in motion by the vibration of the
stapes, which in turn excites the hair cells contained within the cochlea. The resulting electrical
signals are combined in the auditory nerve and transmitted to the auditory cortex through the
brainstem, where it is interpreted.
A number of factors can lead to abnormalities in the auditory system which in turn can
lead to hearing loss or deafness. According to the Canadian Association of Speech Language
Pathologists and Audiologists (CASLPA), hearing loss is the third most common chronic disability among older adults, after arthritis and hypertension [2]. The incidence rate of hearing
loss increases with age; approximately 10% of the general population are estimated to suffer
from some form of hearing loss, but this statistic increases to 20% for the part of the population
over 65, and 40% for those over 75[2]. Comprehensive assessment of auditory function and
appropriate prescription and fitting of a hearing device are crucial for enhancing the communicative ability and restoring good quality of life for the affected persons.
Hearing loss has traditionally been classified into conductive and sensorineural types:
• Conductive hearing loss occurs when sound is not transmitted properly due to abnormal
functioning of the outer or middle ear [3]. A treatment approach to compensate conductive hearing loss is the utilization of bone anchored hearing aids (BAHAs). A BAHA
includes a titanium implant that is surgically inserted into the temporal bone and connected to a sound processor through an external abutment. The sound processor converts
the acoustic signal inputs into mechanical vibrations of the implant, which travel through
the temporal bone and directly excite the cochlea.
• Sensorineural hearing loss is the most common form of hearing loss, which occurs when
the sensory cells, neural cells or their connections within the cochlea are functioning
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abnormally [3]. Persons with sensorineural hearing loss can be rehabilitated through the
use of properly tuned and fitted hearing aids.
In addition to the hearing loss caused by malfunctioning peripheral auditory system, disorders in central auditory processing can also cause abnormal hearing. Auditory neuropathy
is one such disorder, which is characterized by normal or near-normal cochlear function, but
abnormal auditory nerve responses [4].

1.2

Auditory Neuropathy

Auditory neuropathy (AN) is a hearing disorder that affects the timing of neural activity in
the auditory pathway and therefore disrupts temporal aspects of auditory perception [5]. As
alluded to earlier, the most common type of hearing loss, sensorineural hearing loss, is caused
by damage to the outer hair cells. In contrast, AN can result from damage to the inner hair
cells, the synapse between the inner hair cells and the auditory nerve, and/or the auditory
nerve or brainstem pathways. Individuals afflicted with AN typically exhibit the following
characteristics: elevated thresholds on pure-tone audiogram by air and bone conduction, poor
understanding of speech in noisy surroundings, absence of the acoustic reflex response in any
configuration for any stimuli, and no auditory brainstem response (ABR) to acoustic stimuli
above their detection threshold [4].
Few options exist for rehabilitating patients suffering from AN. Conflicting results are reported over the use of conventional hearing aids for people with AN. Although some studies
have shown that 50% of affected children benefit from conventional amplification hearing aids,
others have shown detrimental effects, including loss of otoacoustic emissions (OAEs) (some
without any change in pure-tone sensitivity) and permanent threshold shifts [6].
Cochlear implants include surgically implanted array of electrodes into the cochlea, which
directly stimulate the auditory nerve. As such, this device circumvents improper functioning
of the inner hair cells or synapses. While this technology has benefited a number of hearing
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impaired people, it does have its own set of drawbacks including high cost, standard surgical
risks, and potential loss of residual hearing due to surgical implantation. Moreover, evidence
is mixed on the effectiveness of cochlear implants as a rehabilitation option for AN patients.
Some studies have shown considerable speech perception improvement, while others did not
[7].

Evidence does exist that alternative signal processing algorithms can be effective in improving speech perception by AN patients. For example, temporal envelope enhancement algorithms, which exaggerate the temporal peaks and valleys of a speech signal, have shown
promising results in AN patients [5, 8, 9]. However, these algorithms are not currently implemented in hearing aids, nor are they tested for their real-time (RT) performance.

The algorithms developed for this thesis were focused on this particular group, as current
treatment methods are limited to conventional amplification or cochlear implantation. In either
case the exact effect of treatment is not well understood. Development of custom processing chain for the condition can therefore greatly benefit patient that suffer from it, either by
modeling the disease’s effect on speech and correcting for it or providing further insight for
clinicians.

In summary, hearing loss afflicts a significant proportion of the human population. To improve communication for these affected people, much research and effort has been put toward
assistive listening devices. These devices range from ear and body-worn hearing aids to bone
anchored hearing aids and cochlear implants, and have achieved significant results for many
different types and severities of hearing disorders. However, the algorithms required to assist
patients with certain disorders (such as AN) are not available in commercial hearing aids, and
in other cases such algorithms have requirements that are too high for the computational and
memory abilities of current hearing aids. This necessitates the development of new assistive
hearing solutions that cater to the needs of impacted persons.
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Portable Hearing Aid Systems

Digital signal processing (DSP) finds application in many devices such as: telephones, recorders,
equalizers, hearing aids, etc. Digital signal processors as well as general purpose processors
(GPP) nowadays provide much more processing power than their predecessors. Specialized
hardware solutions are as attractive as ever, and provide functionality as well as superior performance. However, GPPs have also improved in performance, and combined with highly
customizable operating systems (OS) allow for the development of a real-time embedded DSP
framework for audio processing among other things.
Custom hardware solutions provide many advantages such as: high processing speed, minimized power consumption, and low costs in mass production. However, every re-design of
a custom-made integrated circuit (IC) or printed circuit board (PCB) is a very cost and time
consuming undertaking. That is, the algorithm to be realized ought to be tested thoroughly
in computer simulations prior to implementing it on a specific custom solution. Additionally
GPP implementations are capable of providing comparable performance with significantly less
effort related to the design and implementation of a complete system. The drawback of GPP
implementations is the trade-off between speed of development and power consumption and
efficiency, as well as limited scalability of the finished product/prototype.
Real-time implementation of audio processing algorithms on GPP systems can provide
hearing aid designers and manufacturers the ability to test new processing techniques in-vivo.
Testing and verification of such techniques will thus require less system design effort and involvement from the algorithm designer, and produce a product that can be easily transferred to
other similar systems/platforms. Generally speaking, testing and verification of digital hearing
aid devices and the embedded software and algorithms requires the production of a prototype deice. Such devices are often limited in their ability to control various parameters of the
recording/playback process: sample rate, data bit-depth and latency limits, as well as the parameters of the embedded DSP algorithms. In this study, the focus is on developing and testing
a real-time capable audio processing platform with minimalistic hardware, allowing for the
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deployment of highly flexible audio DSP algorithms.
Finalized, such a platform will be similar to body-worn hearing aids. However, thanks to
the advancement in processor and memory technology, such a platform can be designed to
be faster and capable of handling wider design constraints (computational complexity limits,
memory footprint bounds, etc). To further improve the usability of this platform in real-life
situations and facilitate flexibility in the embedded algorithms, the system should provide an
intuitive user interface while maintaining a small form factor. A simplified block diagram
of the required components is given in Figure 1.2. It must be noted that this thesis is solely
concerned with the development, testing and verification of the audio subsystem as well as the
real-time implementation of audio processing algorithms targeted to the AN population. The
rest of the required components are provided by the development kit used in this thesis, details
of which are given in the next section.

Figure 1.2: Generic PDA based algorithm platform
Many acoustical signal processing algorithms can be reliably judged only by critical subjective evaluation by human subjects. Thus, the simulations should be run in real-time, with
realistic input signals. Moreover, it should be possible to alter the algorithm easily in order
to optimize its performance without the need for complex and extensive modifications of the
prototype. Since many electro-acoustic products are wearable and used in very complex sound

1.4. T S  P S

7

fields (e.g. conversation in a street with fluctuating traffic noises), the simulation device should
be at least as non-intrusive and portable as the desired end product.
In order for such a platform to be well received and useful to the hearing-impaired community as well as the hearing aid developers, steps must be taken to improve user experience as
well as hardware capability.

1.4

Thesis Scope and Problem Statement

The final goal of this project is to develop a portable, mobile platform that will allow hearing
aid users to test and evaluate various hearing aid algorithms in real-life environments. Such
a platform requires several stages of design, and can be generally split into two streams of
implementation: hardware and software.
The hardware side of the project includes the specification and implementation of the various interfaces such as audio, video and input devices, as well as power supply system and
connectivity (TCP, WIFI, USB, etc.). The imposed hardware design constraints relevant to the
development of an audio interface for such a platform are:
• 6 mono input channels and 2 mono output channels
• Minimum sampling rate of 22kHz
• At least 16bit sample resolution
• Synchronous capture mode
• Matched input stages to ensure equalized performance
• Low power consumption, including sleep capabilities.
The software side includes the design and implementation of the required interface drivers,
customization and optimization of the OS environment. As previously mentioned the key
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to reliable performance, as well as usability in real life situations is robust and predictable
real-time operation. To achieve this goal we focus part of this thesis on the selection and
configuration of a reliable real-time engine (RTE).
Once the hardware was developed and the required software implemented and configured
accordingly, several algorithms were implemented on top of this framework as a proof of concept and to test for the common RT metrics: latency, memory consumption and service performance.

1.5

Proposed Solution

The goal of this project is to develop a multi-channel audio capture and playback interface.
Due to the nature of most algorithms and audio enchantment techniques used in today’s hearing aids, multiple channels of synchronized audio input must be available. This would allow
for the development of direction based audio algorithms such as beam-forming and source
localization.
The core of the system is the Eurotech XL Catalyst Module (1GB RAM and 1.2GHz Intel
Atom Z530), which provides comparable performance to most hand-held devices available on
the market such as: cellphones, PDAs, etc. The platform implements most of the hardware
interfaces and components required by a portable device.
The audio interface for this study is based on the Intel HDA standard and was designed
around, and a prototype developed using the AD1989 HDA codec from Conexant. Using
the AD1989 codec allowed us to have up to three stereo, simultaneously sampled recording
channels, and 1 stereo playback channel. The hardware is housed on the Eurotech development
kit[10].
For the purposes of this thesis, the focus was on the audio interface and the rest of the
hardware interfaces are left as provided by the development kit. For a fully portable system
these still need to be developed, optimized and integrated into a final portable solution.
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The software layer introduces the Fedora Linux operating system as a RT capable OS with
custom developed device drivers. Reliable RT operation is provided by the Jack Audio Connection Kit (JACK)[11]. The modified Eurotech hardware is configured to allow reliable and
deterministic RT performance. Additionally, the OS kernel is modified to minimize unnecessary modules and drivers and enable full pre-emption (in stock kernels the model is voluntary
preemption, which introduces non-deterministic jitter between frames). JACK serves as the
RT engine for audio processing, and it also provides a powerful abstract interface to the audio
hardware.
This framework was then used for the development and validation of audio DSP algorithms,
limited in our case to: envelope enhancement, Ephraim and Malah’s logMMSE noise suppression and a support-vector machine based (SVM) voice-activity detector (VAD). The algorithms
were implemented as JACK clients as is described further in this thesis. Computational complexity of audio DSP algorithms was addressed by using Intel’s performance primitives library
(IPP) (see Appendix C).

1.6

Thesis Organization

• Chapter 2 contains the literature review and background information. Description is
given of currently available portable DSP systems and in particular the Master hearing
aid (MHA) development platform. Details of the hardware and software used in the
development of the prototype platform are presented. Presented is a review of the principles behind noise reduction and envelope enhancement algorithms as well as their RT
implementations.
• Chapter 3 contains details of the design and implementation of a custom audio interface.
Outlined are the objectives used in the design the audio interface. Interfacing options
for audio data streaming with the development kit are explored and finally, details of the
custom interface device driver developed under ALSA are presented.
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• Chapter 4 explains the use and configuration of the RT framework as well as the RT
implementation methodology used in deploying the algorithms given in chapter 2.
• Chapter 5 demonstrates the performance characteristics of the developed custom audio
interface, RT framework and deployed algorithms. Parameters of the developed audio
interface are validated against numerical values discovered in literature. Algorithm performance is validated using a pilot subjective study with normal hearing subjects.
• Chapter 6 contains the conclusions drawn from the work on this thesis. Results of study
are stated, areas for future development are suggested and the major contributions of the
thesis are outlined.

Chapter 2
Literature Review and Background
Information
2.1

Introduction

The goal of this chapter is to review the literature surrounding the key areas within the realm of
this thesis, and to present background information required for system design and implementation. Current state-of-the-art in portable DSP systems targeted for assistive hearing device
application are reviewed first. A description of the development platform chosen for this project
and the issues surrounding it are presented. This is followed by a technical description of the
two algorithms intended for real-time implementation and use by AN patients.

2.2

Portable DSP systems

Portable hearing aid simulators and general purpose DSP platforms are an active area of research, as the benefits that can be gained from such systems are great, especially for people
with certain types of hearing loss as well as for people developing, validating and evaluating
hearing aid algorithms and their respective configurations configurations.
A systematic review of the literature shows that the existing solutions for portable hearing
11
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systems are either PC-based DSP platforms capable of high audio data throughput or PDA
or cellphone based DSP platforms that are more portable but harder to program and configure. Moreover the smaller form factor device implementations (such as cellphones, PDA and
tablets) suffer from the lack of a floating point processor on board, which creates programming challenges. Lastly, there are the so called “full-custom” implementations that are built
to function as stand-alone hearing aid simulators, however in most cases such devices do not
provide for user interactivity, do not offer platform and algorithm flexibility (flexibility here
refers to the ability to modify the signal flow-path and algorithm parameters during the use of
the device) and/or require a large time and resource investment in their development. Some of
the more recent developments in the field of portable hearing assistive devices are summarized
below:
• A RT platform for general audio DSP algorithm evaluation was described by Magotral and Stetzler in [12, 13]. The platform was capable of processing two input speech
channels at a sampling rate of 32 kHz and driving a stereo headphone output. It provided
algorithms for frequency shaping, noise suppression, multi-band amplitude compression,
and frequency dependent interaural time delay algorithms.
• A high performance system based on the signal processor Motorola DSP56309 was described by Rass et. al. in [14]. The device included high quality external stereo ADCs
and DACs with 20 bit word length each. The reported dynamic range exceeded 88 dB.
User interactivity is limited to adjusting the input/output gains using digitally controlled
potentiometers. The authors developed a software fitting suite that was accessed from
an external PC, and used to adjust the parameters of the underlying algorithms. A set of
software tools and configurable assembler code modules implemented all hardware dependent software routines. The authors demonstrated that such a device can be a helpful
means for development and field evaluations of advanced new hearing aid algorithms.
A few years after the original publication the authors came forward with a more sophisticated system based on the newer fixed-point DSP Motorola DSP56002, which was
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embedded in a complete stand-alone system[15].
• A general purpose personal computer (PC) was employed by Kruger et.al. in [16] as
a DSP testing platform. The goal of the study was to separate hardware and algorithm
related programming issues in order to liberate the designer from problems which are
not related to the development of the algorithm. The authors employed a commercial
PC (Pentium IV, 1800 MHz) to implement an acoustic echo control unit with two input
and two output channels. The system was capable of a sampling rates ranging from 8 to
32kHz.
• Grimm et.al. in [17, 18] developed a more portable, user friendly and flexible platform
as compared to [15]. The authors employed a netbook computer with a dedicated audio
interface in combination with a mobile phone as the development platform (see Figure
2.2). They reported a dynamic range of over 90dB for two and six input channel setups. It
was shown that the prototype system can integrate hearing aid functionality, telephony,
public announcement systems, and home entertainment. An example binaural speech
enhancement scheme that represents a large class of possible personal hearing system
(PHS) processing schemes was shown to be compatible with the general concept. Algorithm deployment was done using the Master Hearing Aid framework that is discussed
in detail below.
• The authors in [19] presented a wavelet-based speech coding strategy for cochlear implants, with an RT implementation on a personal digital assistant (PDA). The system
only allowed for a single channel cochlear implant and the corresponding microphone.
The authors demonstrated that the proposed strategy achieves higher analysis rates than
the existing strategies while being able to run in real-time on a PDA platform. Using
a PDA as host for the user interface allowed users to easily manipulate the parameters
involved in the processing chain and study their effects. The authors reported processing
using 11.2ms frames at 22kHz of 7-12ms on the 624MHz fixed-point PDA processor.
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Programming on a fixed-point DSP platform can be more challenging as compared to
floating-point platforms. Additionally the user interface developed for the PDA was programmed using hybrid LabVIEW, in order to achieve user interactivity and RT display.

2.3

Master Hearing Aid (MHA)

The HörTech Master Hearing Aid is a software development platform for signal processing
algorithms and a software solution of a hearing aid prototype. MHA has a layered structure as
shown in Figure 2.1

Figure 2.1: Layered structure of the master hearing aid[17]

• The audio backbone is external to MHA. It is an abstraction for a source and a sink for
audio data. The MHA can use different audio backbones by selecting the corresponding
MHA IO library. Usable audio backbones are: file system, sound card drivers (Windows
MME, Windows ASIO, Linux ALSA, Linux OSS), JACK low latency sound server and
router, and network audio streams.
• The MHA framework selects the MHA I/O library and passes the fragmented signal to
the MHA plugins. The frameworks are platform dependent programs or libraries.
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• An MHA plugin generally performs the signal processing, but plugins for signal flow
management also exist. Each plugin forms one processing block; algorithms can consist
of one or more plugins. MHA plugins communicate with the framework and with other
plugins through a simple ANSI-C interface. Plugins can work on waveform data (time
domain) or short-time Fourier transformed data (frequency domain). Plugins can implement domain translations, e.g. FFT (fast Fourier transform) and iFFT (inverse FFT)
plugins exist.
The MHA software development toolbox contains a number of libraries that facilitate development of RT algorithms, provide access to basic signal analysis and modification procedures, and allow access to the configuration space (e.g. GUI configuration interface, MATLAB
access). [17]
To summarize, the MHA platform offers a low-cost alternative to implementing hearing aid
algorithms directly on hearing aids by replacing the digital hearing aid with a standard off-theshelf PC. This allows for higher computational complexity algorithms to be deployed without
having to limit their performance based on the overall power consumption and available computing capabilities. Moreover it allows for easy algorithm configuration without the need for
hardware modification. The MHA framework has been previously deployed as a portable hearing aid simulator by Grimm et. al. [18] as shown in Figure 2.2. The authors utilized an Asus
Eee PC and a custom audio interface to facilitate portability and flexibility. The dedicated USB
audio interface was developed to fulfill the requirements of the authors’ PHS prototype. The
audio interface has been developed in two variants: a device with four inputs and two outputs to
drive two audio headsets with two microphones in each headset (USBSC4/2), and a device with
six inputs and two outputs, for two audio headsets with three microphones each (USBSC6/2).
While the MHA offers significant potential and is actively developed and used, during the
pilot stages of this project several issues were identified with the MHA:
• There is no reliable and detailed documentation on the configuration and troubleshooting
of the MHA framework.
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Figure 2.2: PHS prototype based on the Asus Eee PC[18]
• The initialization configuration scripts that ship with versions 4.4.27 and prior, are not
executable as is, and require modifications and debugging, making the use of examples
and algorithm chains harder until the user is comfortable with the structure of those files.
• It is not truly portable, as it still requires large hardware. Changes to algorithm parameters by a user during field operation are not easy to make, and require modification of
the processing chain configuration files.
• It requires MATLAB to display a control panel GUI; without it configuration and control
of the signal chain can be difficult. However the MHA host does not have to be on the
same platform or even same computer as the MATLAB GUI.

2.4
2.4.1

Eurotech Catalyst
Description of the CPU Module and Development Kit

The work presented in this thesis is based on the Eurotech Catalyst Module. It is an embedded module based on the Intel Atom Platform. In particular the Catalyst Module houses an
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Intel Atom Z530 along with 1GB of DDR2 RAM, as well as the system control hub (SCH
US15WP). The SCH integrates graphics, memory, and I/O into a small package. Despite the
small form-factor of the Catalyst module (see Figure 2.3) it offers comprehensive I/O and multimedia capabilities including high definition graphics and audio while maximizing the MIPS
to mW ratio and consuming less than 5W of power in high performance mode [10].
The Catalyst module is designed to be an encapsulated embedded module facilitating rapid
prototyping of embedded systems without the need for many additional external hardware components. The carrier motherboard is the key component of the Eurotech Catalyst development
kit, and it serves the purpose of extending the capabilities of the Catalyst module, by providing
an ATX style power supply and hardware interfaces for the various data buses and I/O modules
present on the Catalyst module itself. These include the video and audio interfaces, USB host
and client interfaces, memory card readers, networking, etc. Additionally, the kit includes a
touch screen display and controller (see Figure 2.4).
The Catalyst offers further flexibility by supporting several operating system options as
well as some real-time operating systems (RTOS).[10]

Figure 2.3: Catalyst Module[10]

Figure 2.4: Catalyst Development Kit[10]
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2.4.2

Audio Interface Alternatives

Based on the available interfaces on the Catalyst Module[10], several design alternatives are
possible. Nonetheless they all require the same building blocks: ADCs, DACs, data bus and bus
controller as well as external components. Several high-fidelity ADCs and DACs are available
on the market and can be deployed on the target platform utilizing one of the following bus
implementations and controllers:
• PCI: PCI based audio interfaces can either be embedded on the motherboard of the device
or implemented as a slot-in card. Maximum theoretical bandwidth for the PCIexpress
x1 available on the Catalyst module is 300MB/s, with 4 of the 5 available PCI slots
multiplexed through a PCIe switch. Signaling levels on the PCI bus can be either 3.3
or 5V with an average minimum power consumption of 0.3W to 0.5W per PHY layer.
Additional power consumption must be allocated for the ADC and DAC section, as well
as the PCI controller on the Catalyst Module. Data is delivered serially over one lane, due
to hardware constraints on the Catalyst Module[20], which include, but are not limited
to, a single lane of PCI data available on the Eurotech Development Kit [10].
• USB: the USB bus is widely used for various peripherals, among which are sound cards
(audio interfaces). The Catalyst module offers five USB 2.0 ports on a single USB host,
with a maximum bandwidth of 57MB/s at high-speed mode of operation. Implementation of a USB audio interface will require a bus client such as the TUSB3200 (Intel 8052
based) and an audio codec such as the PCM3794, both from Texas Instruments. The two
devices can be connected through an I 2 S bus (Inter-IC sound interface), and the required
control signals have to be implemented using the I 2C bus (Inter-IC communication interface). For the given example components, power consumption of the codec is 50mW,
and of the USB streaming controller is 200mW, additional supply power will be required
for external components. Data is delivered through the USB host controller serially to
the DMA engine for CPU processing.
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• Intel HDA: Intel High-Definition Audio (Azalia or Intel HDA) is a task specific bus
available on most modern chipsets, and allows for a maximum sample rate of 192kHz, at
a maximum of 32bits/sample. Maximum playback bandwidth is 6MB/s and maximum
capture bandwidth is 3MB/s, both independent of the command interface which uses the
same bus. The distinguishing feature of Intel HDA is the codec, which incorporates the
bus client, ADC and DAC stages, as well as mixers and multiplexers all on the same
IC. Both data and control flow on the same bus line, thus lowering the number of wired
connections required to implement a solution. Power consumption of a typical HDA
codec is dependent on the number of active ADC and DAC pairs and typically ranges
between 150mW to 300mW. Data is delivered serially on the HDA bus and directed to
dedicated DMA engines housed within the south-bridge of the chipset. Unlike USB,
the dedicated nature of the DMA engines guarantees their availability when needed, and
simplifies the device driver development [21].

2.4.3

Audio Interface

As described above, the Catalyst module provides various bus interfaces, many of which can be
used to develop the audio system of the platform. These include PCI, I 2 S , USB and Intel HDA.
There is an audio system already present on the development kit, built on top of the Intel HDA
interface, and uses an 92HD45 IDT codec. Unfortunately this interface has limited recording capabilities and as such is unsuited for our needs. Therefore, the first step in this thesis
project was to develop a custom audio system, capable of multi-channel synchronous recording. Our system also utilized the HDA bus, however a more advanced codec from Conexant,
the AD1989 was used. The original development of this codec was done by Analog Devices
(under the name AD1988a/b), until the production line was acquired by Conexant.
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Intel High Definition Audio - Azalia

Intel HDA is a high-fidelity audio bus developed for the consumer market. A detailed description and guidelines for the development of Intel HDA based systems is provided in [22].
Following is a brief summary of the structure of the Intel HD audio link and related components, as well as data transmission specifics using the HDA bus.

2.5.1

Introduction

There are three key components to any Intel HDA solution: the Intel HD Audio Controller,
an Intel HD Audio Link, and one or more Intel HD Audio Codecs, as shown in Figure 2.5.
The controller is responsible for communicating audio and control data from the codec to the
CPU and memory through a direct memory access (DMA) engine. The bi-directional link
is the hardware bus along which audio data and commands are exchanged. The codec sends
analog data to physical transducers (i.e. speakers, headphones) and receives analog data from
an attached audio device such as a microphone or a line in connection. It is also responsible
for digital to analog and analog to digital conversion of the audio data which is communicated
along the HDA link.

Figure 2.5: Intel HD Audio Components[22]
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Figure 2.6: Intel HDA controller DMA engines[22]

2.5.2

Controller and Bus/Link Description

On system start-up (as well as during forced initialization conditions), the HDA controller is
responsible for the discovery and enumeration of all the available codecs on the bus/link. It is
responsible for the relay of instructions and data to and from each codec, and it contains the
Direct Memory Access (DMA) engines which stream audio data to and from the codec (see
Figure 2.6). DMA engines are an efficient method of communicating data between peripheral
devices and the system’s memory without having to go through the CPU and usually DMA
transfers are faster than non-DMA transfers.
The link itself, which connects a controller with one or more codecs, is a multi-wire electrical interface consisting of the BITCLK, SYNCFRAME, and RESET signals. It also contains
one to four SDO signals, denoted S DO0 − S DO3 respectively, which are used to transmit playback data from memory to the codecs. The SDO lines can be multi-point, i.e. a single SDO line
can be attached to multiple codecs. The HDA link contains one to fifteen SDI signals, denoted
S DI0 −S DIN , which transfer data from the codecs to memory, through the input DMA engines.
Only one SDI line can be associated with a given codec at a time, thus limiting the maximum
number of codecs associated to a controller to fifteen.
Control signal transmission uses the SDO line to deliver a command sequence and the
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Figure 2.7: Intel HDA bus signals[22]
SDI line to recover the command response if one is available (command responses for some
verbs are not necessary or simply not implemented). Audio data transmission on the SDI lines
happens on the raising edge of the clock, unlike the SDO lines, where the data packets are
double pumped, i.e. on both raising and falling edges of the clock, thus doubling the effective
available bandwidth for playback modes as compared to capture modes using the same audio
stream setup. This process is illustrated in Figure 2.7.

2.5.3

Codecs, Nodes and Widgets

An Intel HDA Codec is modular and its design contains a hierarchy of standardized modules.
The organization and availability of the internal modules varies between codecs. The codec
architecture includes a discovery and addressing scheme that allows for a single driver to easily
support a wide variety of codecs, this however only applies a default configuration which is
inferred from the current structure of the tree hierarchy of codec nodes and may not match the
design intent.
A node is either a single module within a codec or it is a collection of a module and all its
children modules that are connected below it in the hierarchy, as shown in Figure 2.8. Each
node has a unique address, known as a node ID (NID). An NID is usually 7 bits and has a
set of read-only capabilities, and each can be controlled and configured using command verbs
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Figure 2.8: Intel HDA Codec node/widget hierarchy[22]
targeted at that node.
The root node (NID 0x00) is the node at the top of the hierarchy and serves as a pointer to
the function groups contained in the codec. Even though the HDA specification does not limit
the set of available function groups, currently there are only two supported :modem function
group (MFG) or an audio function group (AFG). This thesis is solely concerned with the AFG,
as it is the only available function group on the considered HDA codecs.
Within each function group node is a collection of modules known as widget nodes or widgets. Widgets can be interconnected different ways, as defined by the codec designer/manufacturer.
This allows support of an arbitrary number of audio input and output channels. Widgets are
either 1-channel (mono) or 2-channel (stereo). An AFG as a whole can support greater than
2-channel sound by using multiple widgets.
Any widget can be connected to more than one other widget. These hard-wired connections
are pre-defined when the codec is designed and are stored in the widget’s connection list. Upon
initialization the driver is responsible for interrogating each widget about its connection list.
Selection of the required connection is achieved by a command verb targeted at the NID of the
widget that contains the list(behaviour inherited from digital multiplexers).
The types of standardized audio widgets are:
• Audio Output Converter (DAC) Widget
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• Audio Input Converter (ADC) Widget
• Pin Widget
• Mixer Widget
• Selector Widget
• Power Widget
• Volume Knob Widget
• Beep Generator Widget

2.6

ALSA - Advanced Linux Sound Architecture

Advanced Linux Sound Architecture (ALSA) is a free and open source software framework
providing an API for device drivers for sound cards. It provides support for multiple sound card
architectures, and is capable of low-latency performance given the right platform configuration
and capabilities. Additionally ALSA is capable of automatically configuring most common
commercial sound hardware as well as some professional systems. More importantly at the
core of its design lies a well tested error handling mechanism that aids during development of
modules/drivers that are to operate under the framework.
Development of a custom driver for the chosen HDA codec was done within the ALSA API
using the already developed HDA generic driver as a template. This included the configuration
of the codec, power control of the codec and instantiation the required audio controls: mixers,
volume and mute controls.

2.7

Real-Time Engine

Implementing a portable DSP system capable of processing the signals originating withing the
users’ environment and providing near instantaneous results to the user, requires a low-latency
RT engine. The requirement of low-latency ensures that normal operation of the device will
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not impose large amount of lag between an audio event (such as speech production, environmental sounds, etc) and the users’ perception of the event. Low-latency, as applied to DSP
algorithm modification, should limit the quantity and amplitude of artifacts introduced by the
modification.
For this purpose, Linux is chosen as the real-time operating system. This choice is based
on the ease of customization of the Linux OS, as well as wide availability of know-how on
the topic of DSP in Linux. Additionally optimization of the Linux distribution was required to
allow for real-time performance.

2.7.1

JACK Audio Connection Kit

JACK is an RT audio routing engine capable of high performance, high fidelity operation.
Originally developed for the Linux OS, its authors have developed ports for Mac OS as well
as Windows. JACK comes as an intermediary layer between the hardware driver stack ALSA,
and the DSP algorithm framework developed within this thesis. Interactions between ALSA
and JACK are done in kernel space, thus allowing for efficient memory operations (see Figure
2.9).
The structure of a JACK application and the JACK RT engine allows audio clients to be
connected in an arbitrary length processing chain. The implication is that each DSP algorithm
implemented on the framework can be broken down into sub-processes which can then be
implemented as separate JACK clients, debugged and tested separately.

2.7.2

MHA and JACK

MHA and JACK are not mutually exclusive processing frameworks as noted above. Moreover,
JACK clients can be developed to complement the function of MHA.
• JACK offers better documentation and fewer bugs due to the larger user base and debugger interest.
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Figure 2.9: JACK, ALSA and Kernel Interaction Diagram[23]
• Similar plug-in based algorithm implementation is achievable as when using MHA.
• Chaining several algorithm blocks using MHA can be harder, and may require collecting
all the needed blocks into a single plug-in
• Many of the complex algorithm blocks available in MHA are not available in JACK,
and if they are, their performance cannot be compared to the available MHA algorithms
without extensive testing on the target platform.
• As MHA can require JACK for certain tasks, implementing blocks directly in JACK
can simplify the process by eliminating one level of the abstract interface, thus possibly
improving RT performance in low-power devices.

2.8

Considerations for Real-Time Algorithm Design

Implementing DSP algorithms in an RT environment requires special considerations and care
must be taken in order to ensure reliable, artifact free performance. Metrics and evaluation
techniques can be found in [24]. These include: latency, memory footprint and CPU utilization.
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Interrupt and processing Latency

Latency, in terms of data acquisition and data propagation is dependent on the OS and driver
layer of the system used as an RT host. The combined interrupt latency is given by:

τIL = τOS + τH

(2.1)

Where τH is the hardware dependent time contributing to interrupt latency which depends
on the interrupt controller on the board as well as the type of the interrupt. τOS is the OS
induced overhead in processing the interrupt. This quantity has a best case and a worst case
scenario worth considering. The best case situation is when only minimal overhead is added
before the interrupt service routine (ISR) starts. The worst case scenario occurs when the kernel
has disabled interrupts to protect critical sections. In this case τOS is the sum of best case and
the longest interrupt lockout time in the kernel. It should be noted here that this latency applies
to both audio data recording and playback.
Additionally, processing latency comes into play once the acquired audio data has been
delivered to the host memory. Any processing performed on the host computer will introduce
filter and buffering delays. This is also where execution time bottlenecks occur due to the high
computational complexity of the section.
The term sampling latency is used to refer to the combination of data acquisition and data
collection faced when using an RT engine, such as JACK, to gather data. This metric is based on
the size of the buffers used to store incoming and outgoing data, the sample rate and the number
of buffers requested by the JACK client when its processing callback is evoked. Specifically
for JACK this metric can be calculated using (2.2):

τS L =

number o f bu f f ers ∗ bu f f er size
sample rate

(2.2)

This gives the absolute minimum latency that can be encountered when using an audio DSP
algorithm in real-time within the JACK framework. An accurate value for the total latency
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delay is given by the addition of the result of (2.2) to the result of (2.1), which is dependent on
the OS configuration and capabilities of the chosen audio interface.

2.8.2

Frame Based DSP

It is obvious that in the RT application of a processing algorithm it will be impossible to access
to all of the audio data including past and present. It is highly unlikely to have close to unlimited memory in which to store more than a few seconds of previously acquired input data.
Additionally, an algorithm that is to be realized in an RT setting must be causal, obviously
due to the systems inability to predict or acquire any future samples. Moreover, facilitating
audio DSP processing on a limited memory system requires that the algorithm is capable of
“forgetting” older samples, replacing them with the incoming data. Therefore, a frame-based
implementation for the required algorithms must be utilized, i.e. dependence on old samples
should be limited to a specified time window, and long-term information should be stored in
terms of a statistical estimate. For example, noise floor level or harmonic component amplitudes can be remembered in short-time implementations, and in the cases where long-time
information is needed they can be stored in terms of statistical averages, or as in the case of
noise as a mathematical model, incorporating the noise statistics that are changing over time.

2.8.3

Execution Time and Memory Limitations

As Linux is developed to operate on processors equipped with memory management unit
(MMU), this limits the possible choices for a hardware development platform. However JACK
and the rest of the RT framework developed herein can also be run on µCLinux, which is developed to operate without a MMU [25]. The purpose of a MMU is to provide separation
between running “un-trusted” (user-space) for “trusted“ critical code(kernel space), preventing
user-space memory access errors to result in a kernel crash.
As is the case with any RT and/or embedded system, memory and CPU constraints must
be taken into consideration. Depending on the nature of the algorithms or processes that are
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to be deployed on such a system these constrains vary. The upper bound is always given by
the total system hardware capability. However that can rarely be fully utilized by the audio
DSP processes alone, as any such system requires various miscellaneous tasks that take care of
the system itself. These can include hard-disk/memory monitors and services, networking and
anything else that the designer may deem necessary for the normal system operation.
Memory limitations in DSP arise mostly in situations where the algorithm requires large
amounts of memory for its regular operations, such as long-term data storage or large vector
and matrix operations. This, in the case of audio DSP, is directly related to the length of the
filters used as well as the number of filtering/processing stages that the signal must undergo
from the input to the process to the eventual output of processed data. Additional memory is
often required by the OS to facilitate data transactions between the device driver and user-space
process. In the case of ALSA, all incoming data buffers are located in kernel-space, in order to
protect their contents and read/write rights, and it is the device drivers’ job to copy the buffers
to user-space where applications can access and manipulate the data contained within[26].

2.9

Real-Time Considerations and Hardware Summary

Above a list of important issues regarding the RT framework and supporting hardware were
given. Theses areas must be addressed in the development of the custom RT framework. Importance of CPU utilization and memory management were outlined as they are related to the
operation of the RT engine. Description of the Linux OS and the abstract audio interface layer
provided by ALSA and JACK was given. Additionally, the choice of the Intel HDA bus was
justified for use in the Eurotech development kit. The next sections focus on algorithms targeting people with AN, given are details of their theory and some implementations found in the
literature.
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2.10

Envelope Enhancement

Envelope enhancement (EE) has shown that it can improve word intelligibility scores in patients with AN[27]. The goal of this part of the thesis is to validate the results given by[27],
and to develop the EE algorithm within the RT framework discussed herein[28, 8, 5]. These
studies have shown an increase in word identification scores when the envelope of the speech
was enhanced. A series of studies utilize EE as a speech enhancement method for speech
corrupted by noise[29, 30].

2.10.1

Principles

For either speech enhancement, or to improve ineligibility in patients with AN, EE implements
several common steps. First the input signal is filtered at a frequency lower than the Nyquist
rate of the signal. Then it is split into frequency bands, using one of the following two approaches:
• Uniform bands: The input signal is split into bands of uniform width (in terms of Hz).
This is the approach utilized in [29, 30], and it takes advantage of the fact that for uniform
bands, finding the Hilbert envelope is equivalent to finding the modulus of the short-time
Fourier transform using a window that spans the range of interest.
• Octave bands: The input signal is split into bands spanning 3rd octave ranges. A given
frequency range is divided into octaves where the upper frequency of each band is twice
the lower frequency of the same band. Third octaves split the octave range further into
three by having the upper frequency limit being 21/3 (1.26) times the lower frequency.
This approach is utilized in [27, 28].
Once the input signal has been split into the corresponding bands the envelopes of the
resulting waveforms are extracted. There are two common methods for envelope detection:
Hilbert Envelope Detector and low-pass full-wave rectification, which when applied to an offline application yield similar results.
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Hilbert Envelope Detection
A common and efficient technique used for envelope detection is based on the Hilbert Transform. It involves computing an analytic signal with the real part taken as the original input
signal and the imaginary part is a 90 degree phase shifted version of the input. The required
envelope can then be estimated by taking the magnitude of the resulting complex vector. To
obtain a smooth envelope of the input signal a low pass FIR or IIR filter can be introduced
following the Hilbert transform.
Using the description given in [31] the Hilbert transform of any function f (x) is given by:
1
F (t) =
π

Z

∞

−∞

f (x)
dx
t−x

(2.3)

The above integral can be evaluated using the Cauchy principle value theorem and it can
be written as the following convolution:
F (t) =




1
? f (x) = F −1 F { f (x)} −i ∗ sgn (ω)
πt

(2.4)

where using the convolution property of the Fourier transform, the convolution is converted to
a multiplication, and sgn(x) is the sign function.
Having defined the Hilbert transform for an arbitrary real function f (x), construction of the
analytical signal is given by:
Y (t) = y (t) + jh (t) = A (t) e jω(t)

(2.5)

where y(t) and Y(t) are the input signal and analytic signal respectively and h(t) is the Hilbert
transform of y(t) calculated using equation (2.4). Y(t) can then be converted to polar form,
where A(t) is the envelope of the input signal and ω(t) is the phase of the analytic signal, which
can be discarded. In [29, 30] the authors use this approach to calculate the envelopes in their
RT implementation of EE.
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Full-Wave Rectification
Full-wave rectification is another approach to calculate an envelope of a given input signal.
Depending on the length and type of filters used it often is more computationally intensive
than the Hilbert envelope detector. The Hilbert transofrm method requires one trivial fitering
operation and then a summation accross the input frame to compute the envelope, whereas
full-wave rectification requires taking the absoulte value followed by two filtering stages to
compensate for the filter lag. It is used by [28, 5, 8] for the envelope calculation in an nonRT implementation of EE. The input signal is split into bands just like above, after which the
absolute value of the signal in each band is passed through a low-pass filter (LPF) with a cutoff
frequency in the range 5-25Hz(corresponding to syllabic rate in human speech). Narne et al.[5]
use a filter with a cutoff at 32Hz, which is the value used in [27] as well. It must be noted that
a review of the literature uncovered that both IIR and FIR filters have been used to implement
full-wave rectification, however for the purpose of EE the phase response, or in particular the
group delay though the filter should be constant, thus facilitating proper reconstruction of the
enhanced signal from the band data.

Enhancing the Envelope
Calculating the enhanced envelope involves multiplying each band signal by a corresponding
band gain vector, derived from the original envelope within each band. The gain equation
relates the original and resulting envelope thorough a non-linear function. Several approaches
for calculating the gain vector were encountered in the literature review:

• Power Law: This is the simplest way of non-linearly enhancing a signal envelope and is
given by Clarkson et.al, as per equation (2.6), where k indicates the band of interest, yk
is the expanded speech envelope and Ak is the calculated band envelope. It was utilized
in a real-time implementation of the EE algorithm targeted at speech enhancement in
low-noise conditions [29].
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yk (n) = {Ak (n)}ν

(2.6)

Equation (2.6) can be implemented in two ways, in the first approach, as it is in[29], yk
is used directly as the information carrier and it is mixed with the noisy phase from the
band prior to reconstruction. And in the second approach a gain vector can be calculated
as the element-by-element ratio between yk and Ak which is then used to multiply the
band signal resulting in an expanded band vector.
• Spectral Threshold: This is an evolution of the previous method proposed by the same
authors in [30]. The expansion method is intended to pass spectral magnitudes greater
than the threshold (α), while smaller values of the original envelope are attenuated. The
threshold can be either fixed or adaptive, based on the spectral variance within the band
of interest. The expansion is given by:

[Ak (n)/α]ν
Ak (n)
Ŝ (n) =
1 + [Ak (n)/α]ν

(2.7)

As mentioned above, the threshold α can be fixed, or adaptive. The authors in [30]
have found good results for ν = 2 and α = 3σ where σ is the standard deviation of
the additive noise. The threshold value can be normalized for each band to facilitate
variation of signal power between the bands during speech:

"

Āk N
α (k) = α
Ā

#
(2.8)

where Āk is the long-time average of the speech plus noise envelope observed in band
k, Ā is the long-time average over both time and band number, and N is the number of
bands. Unvoiced speech segments may be lower in amplitude, but are still perceptually
important. They can also be hard to detect in low SNR conditions, and to alleviate that
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problem the authors suggest using the spectral variance as defined by equation (2.10) to
supplement equation (2.8) and calculate an adaptive value for α:

#"
#
C
Āk N
α (k, n) = α
γ(n)
Ā
v
u
t
N
i2
1 Xh
A j (n) − Ā(n)
γ (n) =
N j=1
"

(2.9)

(2.10)

where C is a normalization constant.
• Exponential Law: This is the method used in [27, 8]. The time-domain envelope in each
band (Ak ) is raised to a power K, ranging from a highly compressive value to a highly
expansive value. The calculation of K is given by the following equation:

Ki = e

Amin −Ai
τ

(Kmax − Kmin ) + Kmin

(2.11)

where Kmin = 0.3, Kmax = 4, Amin is the minimum amplitude of the envelope within
ith band, Ai is the instantaneous amplitude value of the envelope within the ith band
and τ serves as a time constant determining the disparity between “low” and “high”
envelopes. A good value for τ is reported in [8] as 0.5, however the author of [27]
discovered that for the case of EE applied to AN a better value for τ is 0.001. The
algorithm is evaluated for two values of τ: 0.001 and 0.0001. K and Emin are calculated
for each band independently.

2.10.2

Real-Time Implementations of Envelope Enhancement

EE has been used in previous studies to perform speech-enhancement in RT situations. Clarkson et. al[29] in 1989 implemented the algorithm on a Texas Instruments DSP chip: TMSS320C25. Due to the limitations of their chosen hardware they were required to use a relatively low
sampling rate of 10 kHz and band extraction was limited to second order FIR filters. Nonethe-
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less the algorithm used 20 uniform bands in the range from 0 to 4 Hz. In each of the bands the
envelope expansion was achieved according to equation (2.6). This approach has considerably
less computational needs than the method used in [28], which is the method of choice for the
implementation in this thesis. The more intensive method is chosen as it has the advantage of
incorporating signal dynamics by remembering the last seen minimum value of the input signal
within the band of interest.

2.11

logMMSE Noise Cancellation

Since the aim is to develop a portable, stand-alone hearing aid testing platform, a safe assumption is that such a platform will be used in real-life environments. This implies the presence of
a variety of noise sources coming from the environment. Limiting the effects of this noise is
key to the proper operation of the embedded algorithms, and therefore some processing will be
required at the input of the system to control the amount of environmental noise that propagates
to the audio DSP algorithm.

2.11.1

Principles

The logMMSE spectral estimator, as described by Ephraim and Malah in [32] was used to
perform noise cancellation for the needs of the framework. This algorithm should be applied
at the input of any processing chain used in real-life situation to ensure minimum interference.
A brief description is given next:
Assuming that the input signal y (t) is the sum of a speech signal x (t) and an uncorrelated
additive noise signal d (t). Introducing two hypotheses: H1 and H0 , indicating speech presence
and speech absence respectively:

y (t) = x (t) + d (t)

(2.12)
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 x (t)
where x (t) = 



 0

if speech is present, H1
if speech is absent, H0

Taking the L-point FFT of the input signal (2.12):

Yk (n) = Xk (n) + Dk (n)

(2.13)

where k denotes the kth frequency bin(k ∈ [0, L − 1]) and n denotes the nth frame of the
input signal. The value of Xk (n) is, as above, conditioned on the hypotheses H0 and H1 and
the amplitude in the kth frequency bin is given by [33, 34], making use of the assumption that
each Fourier expansion coefficient can be modeled as a separate independent Gaussian random
variable [35]:

H0 speech absent: Yk (n) = Dk (n)

(2.14)

H1 speech present: Yk (n) = Dk (n) + Xk (n)

(2.15)

Let us express Xk = Ak e jαk and Yk = Rk e jθk , where Ak and Rk are the spectral amplitude
values in the kth frequency bin of the noise-less speech signal and speech plus noise signal,
respectively. Therefore, the probability density function for a given spectral value in the input,
conditioned on the H0 and H1 hypotheses is given as:

p (Rk |H0 ) =
where λd,k and λ x,k

(
)
|Y |2
− λk

|Yk |2
1
1
− λ +λ
d,k
d,k
x,k
(R
)
e
(2.16) p k |H1 =
e
(2.17)
πλd,k
π λd,k + λ x,k
represent the variances of the additive noise and the clean speech, re-

spectively. The likelihood ratio is thus defined in [34] as the ratio between equations (2.17) and
(2.16):

Λk =
where ξk ≡

λ x,k
λd,k

and γk ≡

Rk
λd,k

p (Rk |H1 )
1 νk γk
e
=
p (Rk |H0 ) 1 + ξk

(2.18)

are called the a priori and a posteriori signal to noise ratios
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.
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The a posteriori SNR is easy to obtain, as it only requires an accurate

update of the noise variance, which can be done during noise only frames according to:

λd,k (n) = (1 − β) R2k (n) + βλd,k (n − 1)

(2.19)

β should be chosen to match the rate of change in the noise statistics. For the purpose of this
thesis β = 0.98 as per [36]. The a priori SNR is calculated based on the Decision-Directed(DD)
approach described in [35] and is given by



Âk (n − 1)
ξˆk (n) = α
+ (α − 1) max γk (n) − 1, 0
λd,k (n − 1)

(2.20)

Traditionally, the likelihood ratio test is used as the decision statistic of VAD and is derived
from the geometric mean(GM) of the likelihood ratios over all available frequency bins as
follows [37, 33, 34, 36]:
L−1

log Λ (n) =

1X
log Λk (n) ≷HH10 η
L k=0

(2.21)

η is the threshold for speech detection, a generally accepted value of 0.15 is given by[36].
Thus, online VAD is performed by calculating the signal spectral amplitude estimator, followed
by the estimate of the a priori SNR using the DD approach, calculating the likelihood ratios
for each frequency bin and finally, calculating the GM of the likelihood ratios and comparing
it to the threshold. Frames with values less than the threshold are classified as noise only or
noise-inactive. Frames with values greater than the threshold are classified as voice-active.
The estimate of the original speech signal (Âk ) is obtained by using the logMMSE spectral
estimator[38] given as:

1

Âk = νk e 2

R∞
νk

e−t
t

dt

Rk

(2.22)

The integral in equation (2.22) is known as the exponential integral of νk and can be effi-
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ciently calculated using the method described in [39].
Using the amplitude estimate given by equation(2.22) and the noisy phase θk from Yk (n)
an estimate of the speech-only signal X̂k (n) can be composed. Performing inverse Fourier
transform on the result recovers an estimate of the original x (n):

n
o
x̂ (n) = F −1 Âk (n) ∠θk

2.11.2

(2.23)

Real-Time Implementations of logMMSE

Pathak et.al. [40] introduced an RT implementation of single channel logMMSE speech enhancement algorithms on a floating point DSP to evaluate its ability to enhance speech corrupted in a noisy MRI environment with very low SNR. The purpose of their experiments was
to reduce the fatigue of the listener by eliminating the strong MRI noise present in the target
environment. The authors applied the RT implementation to an actual data set collected from
a 3-Tesla MRI machine. They reported limiting the effects of MRI induced noise, and thus
fatigue on the listener[40].

2.12

Auditory Neuropathy Simulator

In order for normal hearing listeners to evaluate the performance of an algorithm chain, developed to assist patient with AN, a need arises to replicate the effects that AN has on speech.
An AN simulator based on Narne’s work in [5] with the implementation and parameter values
adopted from Morgan’s thesis paper [27] (see Table 2.1 is used to facilitate this need. The
AN effects are simulated by splitting the input signal into 16 3rd octave bands distributed between 140 Hz and 5.7 kHz. In each band the envelope is calculated using the Hilbert transform
method. The envelope is the passed through an LPF with the cutoff frequency extracted from
the temporal modulation transfer functions of individuals with AN. The modulation depth of
the resulting envelope is then reduced by a modulation factor (m). The output is formed by
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adding up the original signals in each band after being multiplied by the corresponding modified and filtered envelope.

2.13

Summary

This chapter described the literature review regarding relevant portable DSP systems. The Master Hearing Aid software framework is described and a parallel was drawn to the RT framework
developed within this thesis. Detailed description of the hardware used in the development of
our portable DSP system is given. Additionally a review of modern audio transfer interfaces
used in the PC architecture is provided. Based on that review the HDA audio bus is selected as
the custom audio interface developed for this thesis. To this end a brief introduction into the
architecture of the HDA standard is provided.
The software required to deploy a reliable RT framework in a Linux environment is also
described. ALSA is presented as a driver development API for custom HDA interfaces, and
JACK is given as a common and powerful RT engine. A comparison is drawn between the
MHA framework and the RT framework developed here.
Finally a detailed description of the theory of the logMMSE and Envelope Enhancement
algorithms is given. In the case of EE a list of different expansion techniques is provided, and
the selection of one for implementation in this thesis is justified. RT implementations, found
in literature, of these two algorithms are also discussed.
The next chapter focuses on the design, development and prototyping of the custom audio
interface outlined previously. The work is based on a list of requirements given in the beginning
of next chapter.
Table 2.1: Parameter values used to simulate various AN conditions
Level of AN Modulation reduction factor [m] Cutoff Frequency [Hz]
Mild
0.71
8
Moderate
0.5
6
Severe
0.25
4
Profound
0.125
2

Chapter 3
Design and Implementation of a Custom
Audio Interface
3.1

Introduction

This section outlines the design and the steps taken to develop an audio subsystem that is to be
used as an extension to the Eurotech development platform: Catalyst[10]. The design of this
subsystem (additional audio interface) was based on the Intel High-Definition Audio (HDA)
specification, as described in [21] and [22]. The design and construction of a prototype meeting
the requirements of a portable audio algorithm testing platform was based on the requirements
outlined in the HDA specification along with application notes from Analog Devices [41, 42]
and Conexant[43].

3.2

Design and Implementation

The specific solution implemented was based on the above design constraints and the available
interfaces on the Catalyst module. In all cases availability of synchronous sampling of the
input channels is strictly required.
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Bandwidth Requirements

Bandwidth calculation was based on six channels of mono input and two channels of mono
output. Focus is placed on 16 and 32 bit word lengths at sample rates available on most audio
data bus implementations listed in the design alternatives section in the previous chapter. These
bandwidth requirements for common stream formats are summarized in the following table:
Table 3.1: Bandwidth requirements for common stream formats, given in bytes
Sample Rate
Word Length[bits]
8 kHz
32 kHz
44.1 kHz
16
93.75 kB/s 375 kB/s 516.8 kB/s
32
187.5 kB/s 750 kB/s 1.01 MB/s
Note that the available audio interfaces on the Eurotech platform cover the above bandwidth
requirements with reserve.

3.2.2

Power Consumption

Power consumption is strongly related to the hardware used and the following comparison is
based on devices available for the given bus implementation. Additionally, power consumption
relates to the output voltage level used in analog audio transmission, as well as the frequency of
host memory refresh cycles and CPU utilization; however the latter are application dependent
and an estimate would be inappropriate. Refer to Table 3.2 for an estimation of audio interface
power consumption based on the audio bus used.
Based on the estimates shown in Table 3.2 and taking into account the number of different
power supply voltage lines that are required for prototype implementation, the Intel HDA bus
offers the lowest power consumption for the application. Note that a high number of different

Table 3.2: Audio interfaces power consumption
PCI
USB Intel HDA
Supply Current[mA]
100
80
60
Supply Voltage[V]
5 or 3.3
5
3.3
Estimated Power[mW] 500 or 330 400 200
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power supply lines can introduce electronic hum and noise into the signal lines on the prototype
PCB, especially considering the requirement of a small final form-factor.

3.3

Circuit Complexity based on Audio Bus Selection

Any implementation of a custom audio interface would have hardware components that are
common with other implementations. Those include power supply topography and power supply stabilization, filters for each input and output port as well as microphone reference voltage
generators. The major differences as they are related to the prototype PCB construction are
outlined next:
• PCI PHY devices usually require high number of external components, and peripherals
on the PCI bus have to be multiplexed before being processed. This can cause problems
especially on low-performance systems, or when a high-throughput video controller is
operating on the bus. Moreover, depending on the audio codec selected for the implementation a data converter IC may be required between the codec and the PCI PHY.
• USB implementations, in most cases, require one codec chip that contains the ADC and
DAC stereo pairs as well as amplifiers and mixers. The system also needs to include a
USB client controller. Depending on the codec selected for the purpose of audio I/O,
data conversion between the format of the PCM packets produced and consumed by
the codec and USB compatible packets can be done using an external IC controller (i.e.
Intel 8051 or 8052 based controllers). Additionally, the inclusion of such a converter
would require an external EEPROM containing the stream formatting and conversion
configuration rules.
• Intel HDA implementations would take advantage of the HDA bus controller present
on the south bridge of the Eurotech SCH. This eliminates the need for a translation
between data packets produced by the codec and the packets transmitted on the audio bus.
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Moreover, the HDA standard is already well suited for high fidelity audio performance
(see section 2.5).
Therefore, based on the above discussion, it can be concluded that on average both USB
and PCI implementations will require at least three separate ICs as well as external biasing
components and power stabilizers. In the case of Intel HDA codecs, the bus controller is
already implemented on the IC and thus such an implementation will only require one IC, along
with the power stabilizers and biasing components. Overall the best form factor is offered by
the Intel HDA option.
Highly configurable and open-source drivers for all three bus types: PCI, USB and Intel
HDA are available under Linux, through the Advanced Linux Sound Architecture (ALSA),
and under Windows, through the Universal Audio Architecture (UAA). ALSA is licensed under
GNU, and thus allows for free of charge development and support. PCI sound card drivers are
usually more specialized, as the hardware required to build such an interface varies greatly for
different implementations and there is no unified specification.

3.3.1

HDA Codec Selection

Most modern consumer end systems contain Intel HDA as the audio backbone of the chipset,
therefore there are a plethora of available codecs that can fit most of the requirements of our
audio interface. However, most of these devices are intended to serve as audio interfaces to
consumer entertainment systems, and as such the focus during their design has been placed
on the availability of playback channels (which relates to the number of available on board
DACs). As was mentioned in the design requirements, the need was to be able to serve 6 input
mono channels (3 stereo pairs), which limits the number of codecs to choose from. Prototype
development was based on the AD1989a from Conexant[43], which was selected based on the
number of available ADCs. The device offers 3 ADCs and 4 DACs stereo pairs which can
easily facilitate three simultaneously sampled stereo pairs and one stereo output, moreover the
device includes a class-D stereo headphone amplifier on one of the ports. The Conexant device
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is based on an older device from Analog Devices - AD1988, which has identical characteristics,
but is no longer in production.

3.3.2

PCB considerations and supporting hardware: Grounding, Motherboard Interface and Power Supply Stabilization

Circuit board design was based on the reference schematic provided by Analog Devices (for
the AD1988B version of the codec)[42], where modifications were made to ensure a proper
fit of the Conexant codec. Miscellaneous features such as: variable bus voltage support, jack
detection and port re-tasking were disabled both to save printed circuit board (PCB) area, as
well as to conserve power. The prototype was implemented on a dual-layer PCB to minimize
line capacitance, which can de-rate the high speed clock used by the Intel HDA bus (24MHz).
A major concern, thermal power dissipation, is also addressed by the two layer design which
allows for large grounding planes.
As with most mixed-signal ICs careful attention was paid to the proper grounding of both
the analog and digital sections as well as provision for point to point ground current paths,
thus eliminating ground loops which can affect the quality of the recordings and playback. The
analog and digital grounds were joined together with a single PCB line on the bottom layer,
directly underneath the HDA codec as is strongly suggested by IDT in [44]
The mother board interface was built with a 24 pin 0.5 header which interfaces to the J27
header on the Eurotech development kit motherboard[10]. This allowed our PCB access to the
3.3V, 5V and 12V supply lines from the motherboard as well as all of the required Intel HDA
link lines: SDO, SDI, BITCLOCK, FRAMESYNC and RESET.
Power supply stabilization was achieved using a linear LDO voltage regulator: TL1963.
Input and output stage capacitors were provided to aid in the output voltage stabilization, and
consume any voltage spikes on the input power supply line (see Figure 3.1). The output stage
utilized one small capacitor (0.33µF), to filter out high-frequency variations on the output line,
and one big polar capacitor(10µF) which smoothens low-frequency variations on the output
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line.

Figure 3.1: Power Supply Stabilization

3.3.3

Input/Output Stages

Input and output stages, were based on the IDT reference design [44], and provide 2nd order
band-pass filters to limit external interference that would normally be transferred to the codec.
The input stage was also responsible for providing the required reference voltage for the microphone inputs.

Figure 3.2: Headphone/Speaker Interface

3.4

Final PCB implementation

The following figures show the final schematic of the prototype housing the AD1989 codec,
along with the required miscellaneous circuitry. The PCB layout diagrams are shown, however
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Figure 3.3: Microphone Interface

the bottom and top layer ground planes are removed for clarity (see Figures 3.6 and 3.5). The
complete ad1989a prototype PCB is shown in Figure 3.7.

Figure 3.4: Circuit Schematic for the AD1989a codec, including supporting hardware

Figure 3.5: PCB layout bottom copper layer

Figure 3.6: PCB layout bottom copper layer
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Figure 3.7: Complete AD1989a prototype

3.5
3.5.1

Driver Design
Intel HDA ALSA driver add-on

The software stack servicing the audio subsystem in use is the ALSA set of drivers provided in
most Linux distributions. Linux was chosen as the software development platform as it allows
for rapid implementation and prototyping due to the free availability of driver source code and
the modularity of drivers for the kernel.
The driver for the above custom codec implementation was implemented as a kernel module component that is dynamically loaded into the kernel upon booting of the platform. This
allowed for rapid debugging as each load/unload cycle did not require a full reboot of the kernel, but instead a simple module registration and reinsertion. ALSA already provides an HDA
controller driver as well as a generic HDA codec driver, which was used as a template for our
custom device driver. The HDA codec/controller driver modules already provide methods for:
• Specification of the type of interrupt engine to be utilized (MSI or IRQ)
• Codec probe masks, allowing for multiple codecs on the same bus, note however sampling synchronicity can only be guaranteed within the same codec IC and not across
multiple codecs on the same bus [21])
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• Initialization of audio signal format parameters: sample rate, bit depth, endianness and
etc.[26]
The custom driver module acted as an extension to the HDA controller driver and was also

responsible for initial configuration of the audio widgets present on the codec, using the command verb structure used by HDA devices[3]. Additionally the module/driver was responsible
for setting up the required audio streams, channels, possible configurations (sample rates, word
sizes, etc) and audio mixers to control the volume for each I/O channel.

3.5.2

Widget Configuration and Initialization

The detailed widget configuration and interconnection can be seen in Figure 3.8. Port A of the
AD1989a was selected as the output port as it is the only one that provides a headphone amplifier on the output stage[41]. The three ports used as microphone/line-in jacks were selected
based on their relative position on the IC package of the AD1989a, in order to simplify the
PCB layout. During initialization only the required widgets were powered up, the rest were
kept powered down to limit power consumption. Details of the configuration and sequence of
operations during initialization can be seen in Appendix B.

3.5.3

Audio Widget and Stream Controls

Using the ALSA API to expose each of the port amplifier controls to the OS, they can be
modified by sending a command verb using the HDA bus to the corresponding widget. This
was done both for input (microphone or line-in) and output (headphone or line-out). All of
the controls corresponding to the same signal path were combined into one named stream,
and then the stream properties were exposed to the OS. ALSA provides the software package
“alsamixer” (see Figure 3.9) to allow the user to modify the controls.
For an input stream, the exposed parameters are given below, along with the corresponding
node IDs:
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Figure 3.8: Widget Diagram. Red lines show the active signal paths
• Volume Control: Controlled by the input amplifier of each ADC (NIDs: 0x08, 0x09 and
0x0F), it provides fine control over the gain of the input stage, prior to signal digitizing.

• Boost Volume Control: Coarse volume control located immediately after each port widget (NIDs 0x3C, 0x39 and 0x3A).
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Figure 3.9: Alsamixer TUI displaying the exposed audio stream controls for the AD1989 codec
• Mute Control: Located on the port widget itself (NIDs 0x14, 0x15 and 0x17).

For an output stream the exposed parameters were:

• Mute Control - Located on the port widget itself (NID 0x11).

• Volume Control - Controlled by the output amplifier of each DAC (NID 0x03), it provides fine control over the gain of the output stage, after signal digitizing.

3.6

DMA Limitations of the Eurotech Kit

The Eurotech motherboard chipset provides only two DMA engines for the purposes of recording, and therefore only two channels can be operated at the maximum sampling frequency(192kHz)
at the same time. Since the original specification does not call for sampling rates greater than
48kHz, other options have been explored: interleaving of channels on the HDA data bus and
time de-multiplexed in software following the ALSA drivers. Unfortunately these methods
did not yield stable results. Functionality of the available audio inputs on our device has been
tested on the ICH7 on a different platform, which provides four DMA channels.

3.7. S
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Summary

This chapter described the implementation of a custom-audio interface based on the Intel HDA
bus specification. The hardware side of the design was outlined and the choices made were
justified based on the imposed requirements. Additionally, discussion the ALSA driver layer
and how it is used to implemented a custom driver module to support our prototype was presented. This module provides an abstraction layer between the data acquisition system (built
from the hardware implementation and the correspondingly developed driver) and the DSP RT
processing system which will be discussed in the next chapter.

Chapter 4
Real-Time Framework and Algorithms
The complete hardware platform cannot operate within the requirements of this thesis without
a suitable operating system, as well as miscellaneous software tools and libraries. These tools
are responsible for configuring and maintaining all hardware components that are not in the
scope of this thesis. Additionally, some of the software tools and libraries were used to instantiate a development environment to develop the required audio driver, RT framework tools and
algorithms.

4.1

Operating system

There are many commercially available real-time operating systems (RTOS), each with its own
benefits and drawbacks[45]. Our choice of OS was based on the limitations imposed by the
Eurotech development platform (CPU type, memory architecture and controller type) as well
as availability of libraries that were required in the development of audio algorithms. Based
on the above, Linux is chosen as the RTOS for the framework, as it provides one of the largest
knowledge bases for RT development, as well as multiple programming environments. Specifically Fedora Core 14 is selected, as it is a common OS utilized in audio and DSP applications
(ex. PlanetCCRMA[46]).
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Basic Real-Time Scheduling

In strict terms, available Fedora Core distributions are not capable of deterministic RT operation. By default the stock kernel of the OS is compiled with round-robin preemptive scheduling, which is satisfactory for most end-user applications and needs, however it was not able
to fulfill the requirements of a high-fidelity RT framework. This particular type of scheduling
allows each process thread to run until it either comes to completion, or it voluntarily releases
control back to the kernel, where execution rights can be passed to a new process/thread. In the
case of RT audio algorithms, deterministic behaviour is key to uninterrupted and artifact free
performance. With round-robin scheduling a thread can lock or take longer than usual, either
by waiting for an I/O resource to be released, or by executing a high computational complexity
code section. Since it is very difficult to predict when thread locks will occur or to estimate
their duration, on average it can be expected that the period between audio process execution
cycles will be non-deterministic in duration. The exact increase in the period cannot be empirically determined as process execution on a complex OS is random and difficult to predict.
Scheduling using a forced preemptive algorithm such as time-slicing allows for deterministic
execution of any thread regardless of its complexity, resource usage or total required execution
time. Therefore such scheduling algorithms are well suited for audio RT applications. Such
scheduling algorithms require that any thread completes within a given time period. If the
thread does not release control, the kernel will interrupt it and pass control to the next thread
in the thread pool. Selection is usually based on a priority list in conjunction with available
resources that the threads utilize during their execution.

4.1.2

RTOS kernel and configuration

At the heart of any OS is the kernel, which is responsible for scheduling and controlling CPU
and memory usage. Older Linux kernel versions (before 2.6.24) do not contain preemptive RT
scheduling algorithms, and therefore must be modified using the PREEMPT-RT patch from
Ingo Molnar[47]. Once the patch is applied the kernel can be configured in true preemption
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mode (using time-slicing), instead of the default voluntary preemption. Patched and configured, the kernel can then be compiled and used for high-fidelity RT applications. If the kernel
version is above 2.6.24 it already includes the patch and the it only requires setting up the CONFIG RT PREEMPT variable in the kernel specification and re-compiling the kernel source.
In an effort to minimize the size of the kernel image, and thus the total memory footprint of
the RTOS framework, unnecessary modules have been excluded from the kernel source tree.
This also improves the overall boot up time of the system and lowers the memory footprint
associated with the OS and its modules/drivers. More importantly it limits the number of
running processes at any one time, and therefore allows high priority RT tasks (such as our
audio framework) to execute more often.
Once the kernel was configured and minimized, appropriate permission rights regarding
memory and RT scheduler utilization were set. The method of changing these permissions
varies between Linux version and distributions. This allowed our applications and RT engine
(JACK) to use the RT scheduler of the OS and unlimited memory access, used in buffer creation
and maintenance. This was necessary as the Linux kernel protects pages that contain data from
RT processes. Without unlocking the memory space, RT processes can quickly overrun the
memory that has been made available on the protected page.

4.1.3

Required Libraries

Implementation of the herein described framework is based upon several library packages that
are available under GNU licenses. Successful operation of the framework is not contingent on
having the exact same versions of this software; however, it has not been tested for versions
other than the ones specified below:
For additional information on the libraries and software utilities used in this thesis refer to
Appendix B.
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Table 4.1: Library and software versions used in the framework
Product
Version
Fedora Core
14
Linux Kernel
2.3.37
ALSA
1.0.25
JACK
1.9.8
sndfile
1.0.25
IPP
1.8.273

4.1.4

JACK server setup

The JACK server provided the required RT operation and audio signal routing for the framework. JACK interfaces directly with ALSA to access recording and playback HDA widgets.
Additionally, it sets the audio stream format for both directions of audio data transfer by requesting specific hardware configurations from ALSA. The configuration profiles for the audio
hardware are limited to the capabilities made available by the HDA codec such as: available
sample rates, bit depths, channel number, etc. Specifying values outside the available ranges
results in the engine running in its default configuration. The I/O latency of the JACK server
is given by equation 2.2 and it depends on the configuration used. JACK utilizes one buffer
to store several sampling periods, and therefore the total buffer size is given by the number
of samples in each period multiplied by the number of periods in each buffer. Algorithms deployed in this thesis were run using different configurations of the JACK server to establish a
good configuration. The following table lists five of these test configurations and associated
software induced latency.
Table 4.2: I/O Latency for various JACK server setups
Samples per Period Periods per Buffer Sample Rate[Hz] I/O Latency[ms]
128
2
44100
5.8
256
2
44100
11.6
1024
2
44100
46.4
128
2
16000
16.0
1024
2
16000
128.0

Note that only the first two configurations satisfied the constraints of low-latency processing
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needed to simulate hearing aid operation in real-life and in the field situations.

4.1.5

JACK client Description

JACK allows for rapid client development through the use of its extensive API. Every JACK
client can be viewed as a template program with a general layout as given in Figure 4.1[11]. At
a minimum there must be at least one input and one output port, as well as a process callback.
The process callback is what the JACK server will call on each iteration of the RT engine. On
one hand the server is responsible for gathering a full buffer of data for the input port before
it executes the process callback of the corresponding client. On the other hand the process
callback is responsible for providing a full buffer of data to the output ports before terminating.
This ensures smooth and artifact free operation.
Additionally, the JACK client is responsible for handling all possible events that can occur
during both normal and abnormal JACK server operation, including: sampling rate changes,
buffer changes, channel drop-outs, server crashes and etc. This is achieved by registering
callbacks for each event that needs to be handled as described in the JACK API.

Figure 4.1: Generic JACK client structure

4.2

RT Implementation Considerations

The RT framework described above imposes certain limitations on the development of hearing
aid algorithms. Fitting within the framework requires that the application is developed as a
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JACK client and is capable of frame-based DSP computations. As is the case within this thesis, the Object-Oriented (OO) programming paradigm is recommended in conjunction with the
high-performance Intel Performance Primitives (IPP) libraries (see Appendix C), where possible. IPP is optimized to work on machines based on Intel’s CPUs and it provides a significant
reduction in the time required to evaluate one frame of data. To facilitate user interaction, GTK
was used (see Appendix C) to develop graphical user interfaces (GUIs) capable of monitoring
and modifying the underlying algorithm parameters in RT.

4.2.1

Memory and Computational Limitations

Memory allocation and de-allocation are both very computationally expensive and time consuming operations. Therefore it is strongly suggested that each algorithm implemented for
this framework allocates the full amount of memory before the first execution of the process
callback (either through dynamic or static allocation). Conforming to the best coding practices and standards the allocated blocks must always be accounted for and released once the
application is finished or terminated in error. Moreover, re-allocation of used memory can
be performed during program execution; however care must be taken to ensure that no illegal
memory accesses are invoked during the switch-over. As mentioned above, JACK clients run
in a dedicated, protected memory page therefore are very sensitive to memory leaks and illegal
memory reads/writes. As such, the design of the process callback has to protect the memory
that is used in the case that it is inadvertently released or modified while the application is still
active. The simplest approach to do so is using a binary semaphore protecting critical sections
of code and common memory buffers. This is the approach taken in this thesis.
Evaluation of the execution time of each algorithm, on per-frame basis, must be performed
before the algorithm is introduced within the framework. Otherwise there is a risk of overwhelming the computational abilities of the CPU and JACK server which will result in our
client being disconnected from the server when a sufficient number of processing overruns
occurs. Additionally, this behaviour does not allow in-line debugging of the client applica-
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tion (more specifically the process callback) once the client is connected. If the execution of
the process callback was to be halted for debugging, it is guaranteed to lock the JACK thread
until the debugger returns, thus behaving like a crashed client and getting disconnected from
the server. Testing the computational requirements before the algorithm is deployed is much
easier.
Furthermore, algorithms must be safeguarded against common floating point errors that
can occur during computation of the output buffer values. Failure to do so can result in a crash
in the framework or unexpected, possibly harmful output conditions. For example, saturating
the output of an algorithm due to a division by zero error will be propagated to the DAC and
then to the speakers/headphones. This results in very large power dissipation on the transducer (as compared to normal operation) which can permanently damage the output device.
Through testing it is discovered that even though the JACK server will protect the underlying
driver/hardware layer from over-voltage conditions it will not account for saturation.

4.2.2

Automatic Gain Control (AGC)

Each algorithm that involves frame-based processing of any number of input channels is implemented using an AGC module at each output. The function of the AGC module is to compensate for volume differences introduced by the non-linear effect of some of the implemented
algorithms, as well as audio power loss introduced by band-limiting filtering operations applied
during processing.
The AGC method uses two memory buffers per mono I/O channel. Each buffer contains
previous values of the mean frame power for input and output frames respectively, and its
length is set to 100ms, which can be user defined at runtime. The gain applied to each sample in
the output buffer of the algorithm was determined as the ratio of input to output average power
over the memory duration. Each element in the output frame was scaled by the computed
gain. Actual buffer size in samples is determined at run time based on the requested sample
rate and memory length. This structure effectively implements a volume equalizing running
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Figure 4.2: AGC topology using arbitrary length memory buffers.

average filter. Each new frame advances the memory pointer to the next available slot. When
the buffers are full the pointer wraps around to the beginning.

4.2.3

Filtering Objects

Each filter used in the framework was implemented as a modular C++ object based on a generic
base filter class. The base filter class contains the input/output buffers as well as the length of
the filter, then through inheritance the basic filter types: low-pass, high-pass and band-pass filters are created. Filter object functionality is based on routines provided within the IPP library.
The filter object also contains the handles for the required buffers, a list of filter parameters
as well as accessor functions. Additionally, the objects include functionality, such as a binary
semaphore, to safeguard against illegal memory accesses. By using such an implementation
memory allocation of any of these objects during runtime was trivial and it also allows changing of object parameters, without raising memory error exceptions. Here it must be noted that
memory allocation was only necessary on object creation and when changing buffer size and
filter length parameters.
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4.2.4

Programming Practices

Ensuring efficient and stable operation of the described algorithms was a primary concern while
developing for a limited hardware platform such as the Eurotech Catalyst. The algorithms described herein were developed in a way ensuring compatibility with the MHA framework,
even though they are conceptually separate from the MHA structure. Additionally, they implemented the following methods, which are also recommended for future development of
algorithms that are to be deployed on the platform:

• Binary Semaphores − used to protect the process callback in the case of errors or intentional memory re-allocation. This approach allows the user to modify parameters of
the underlying algorithm (filter length, number of bands used, etc.) without having to
re-load the client application.

• Exception Handling − used to verify the results of critical mathematical operations, eliminating the possibility of computational errors and special cases, such as Infinity (Inf) and
Not a Number (NaN), propagating through the signal processing chain.

• Memory Pre-Allocation − memory requirements of most DSP algorithms can be easily
computed before processing begins, eliminating the need for computational expensive
operations during processing.

• OO implementation − beside allowing better readability, an OO approach allowed for
rapid debugging and testing of the algorithm both on the RT platform, and offline using
the file system and manual scheduling. To do so all of the required JACK client callbacks
were implemented as member methods of the algorithm object, which was then compiled
as a library. By doing this the algorithm can be either included within the structure of a
JACK client, or used offline without the need to produce two separate executables.
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Algorithms
Envelope Enhancement

This section gives details of the implementation of an EE algorithm shown to improve word
identification scores in people with AN. It is adopted from [28], and the theoretical analysis is
discussed in section 2.10.
As described by Narne et.al. in [28], EE is a non-linear modification of the signal envelope after it has been split into a number of predefined bands. Each band undergoes identical
processing, allowing us to utilize multi-threading (on systems that allow it). To ensure proper
operation of the algorithm in a frame based environment (whereas in [28] and in [27] processing is done on the entire signal at once) care must be taken when reconstructing the output
signal. A necessary and sufficient condition for artifact free reconstruction is that that the
group delay encountered by the signal in each signal path is the same. This implies that the
band-pass filters shaping the signal into each band must have an identical group delay. Additionally, filtering delays introduced in the calculation of the envelope of the band signal must
be compensated for to ensure a time-domain match between band signals and envelopes. Elaborating on the above, envelope extraction performed using an LPF technique introduces a lag
on the output manifested as a time difference between the band signal and the calculated envelope. To properly enhance the envelope of the band signal the lag must be compensated, which
is achieved through simulation of a non-causal system. This simulation is based on buffer
alignment and will be referred to as the buffer alignment “trick”. However, using the Hilbert
transform envelope detector introduces no lag and therefore such “tricks” are not needed.
A visual representation of the processing flow is given by the block diagram in Figure 4.3,
where the envelope is extracted using an LPF based envelope detector.
The implemented algorithm included a GUI(see Figure 4.9) that allows the user to modify
the following parameters on the fly: filter lengths, number of bands, band distribution, algorithm parameters(Kmin , Kmax and τ) and the processing bandwidth.
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Figure 4.3: Envelope Enhancement algorithm flow. Note buffer alignment trick allowing us to
simulate non-causal filtering. Short buffers act as a unit frame delay.

Pre-Processing

The input signal was first passed through an LPF that attenuates frequencies higher than the
upper bound of the user-specified bandwidth. The length of the filter was also user specified.
The input buffer FIR LPF implements the overlap-save technique for frame-based processing.
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For each execution of the process callback (iteration) the input buffer was built up by concatenating the last “M” samples of the input buffer in its previous iteration (where M is the
length of the input LPF filter) and the filtered version of the new input frame, thus at this point
the input buffer is of length M plus the size of the input frame(N), a quantity referred to as
the working length of the algorithm. This takes care of the transient effects introduced by the
LPF filter and it extends the duration of the working buffer size to accommodate for the buffer
alignment “trick”, described below. In the case of FIR filtering the transient duration is given
by the length of the filter.

Envelope Extraction
Each input frame signal was filtered into a set of frequency bands (the endpoints of these bands
are user-specified using their number, band distribution type and requested bandwidth, see section 2.10.1). The filters used to extract the band signals are FIR, and were designed at runtime
with symmetric coefficients allowing for linear group-delay to ensuring proper reconstruction.
The downside was the need for a higher filter order to increase the sharpness of the cutoff and
limit the “bleeding” of data between frequency bands. Additionally, each band-pass FIR filter
object implemented overlap-save to facilitate frame-based processing.
Each band envelope was extracted by either using the Hilbert transform or the full-wave
rectification method as described in section 2.10. When full-wave rectification was employed
it is important to compensate for the phase shift introduced by the LPF used in the method.
Since both the input and output of any JACK client must contain the same number of elements
per frame(N), one way to compensate for the filter delay is to have a non-causal system. Unfortunately, such a system cannot be implemented; however, non-causality can be simulated
using a causal system at the expense of added latency.
The buffer alignment trick allowed us to simulate such a system and this effect was achieved
by following this procedure: each band buffer was prepended by values taken from the end of
the same band buffer in the previous iteration. The number of samples taken from the previous
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iteration are equal to the lag introduced by the IIR LPF used to estimate the envelope (this
value is fixed as the IIR LPF filter is also fixed regardless of band distribution or other filter
length). Next the envelope is calculated for this new extended band buffer, and as a result it
is also longer than the standard working length by an amount equal to the number of samples
prepended to the band buffer. Therefore the envelope buffer now contains enough samples to
cover both the lag amount and the working length. More importantly the end of the envelope
buffer contains the envelope corresponding to the beginning of the band buffer. Ignoring the
beginning of the envelope buffer (which contains lag data) and combining it with the beginning
of the band buffer (where we ignore the end of the buffer for which we cannot calculate the
envelope) offers a perfect phase alignment. Note that by only reading the beginning of the band
buffer (which contains data from both the current and previous iterations) a latency proportional
to the lag amount was introduced.

Figure 4.4: Band and envelope waveforms for the sentence ’A boy fell from the window’. Left
axis is the scale for the band data and original envelope, right axis is the scale for the enhanced
envelope
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Envelope Expansion/Compression
Once each pair of band and envelope signals were phase matched, the expanded envelope
within a band was calculated for each frame according to equation (2.11). The element-byelement ratio of the two envelope buffers (enhanced and original) gives the gain factor that was
applied to the non-modified band signal. See Figure 4.4 for a 4 band example.

Output Reconstruction
The band signals were added together to form the output. Note that for this addition to proceed
without introducing extra artifacts in the output, the band filters must be have matched group
delay characteristics. The result can be seen in Figure 4.5.

Figure 4.5: Envelope Enhancement: Input(top) and Output(bottom) waveforms for the sentence ’A boy fell from the window’
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logMMSE

The logMMSE noise reduction algorithm was adopted from Liozou’s implementation given in
[36]. The author employed double frame processing rather than using overlap-save or overlapadd to avoid framing effects (see Figure 4.6). Double framing/buffering of the input data was
used in this particular implementation as well. Additionally, a GUI for the algorithm was
developed (see Figure 4.8), that allows the user to turn the algorithm on or off while the rest of
the parameters are kept at the constant values given in [36], as they provide acceptable results.

Figure 4.6: logMMSE algorithm, data flow diagram.
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Pre-Processing
The input buffer was composed by appending the current input frame to the old input frame
taken from a delay buffer. The resulting sequence was windowed using a Hamming window,
which limited frequency spread introduced when applying FFT to a the double frame. The
windowed vector was then passed through a 256 point FFT. The resulting spectrum was stored
in polar form, where the amplitude spectrum was used in the logMSME algorithm and the
noisy phase was kept for later signal reconstruction.

Applying LogMMSE
Based on the acquired amplitude spectrum and estimated noise statistic the a posteriori SNR
(γ) was calculated. The value calculated for γ was limited to the range of 0 to 40, eliminating
overflow and saturation effects.
Using the signal estimate from the previous double frame, the value obtained for the a
posteriori SNR, and the Decision-Directed approach from equation (2.20) the a priori SNR
was calculated. Which in turn was used in equation (2.22) to calculate the logMMSE spectral
estimator for the double frame.
The estimate of noise variance was calculated recursively for each voice-inactive frame as
given by equation (2.19). To differentiate between voice-active and voice-inactive frames two
Voice Activity Detector (VADs) schemes were tested:

• Geometric Mean VAD: The likelihood ratios for each frame were calculated based on
equation 2.18 and then the VAD decision was based on equation 2.21
• Support Vector Machine(SVM) based VAD: An SVM model using likelihood ratios as
feature vector components was trained on a manually labeled data set. The VAD decision
was based on the sign of the output of the SVM model given the set of likelyhood ratios
for each frequency component as an input(see Appendix A for details).
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The final implementation of the logMMSE noise reduction algorithm used the Geometric

Means VAD as it demonstrated better performance than the SVM based VAD(see Appendix A,
table A.1).

Output Reconstruction
The output was then formed from the inverse Fourier transform of the second half of the double
framed logMMSE estimator, combined with the noisy phase of the input as given by equation
(2.23).
Applying logMMSE spectral reduction to a noisy speech signal at 5 dB SNR (see Figure
4.7) resulted in almost complete elimination of the underlying noise; however, in low SNR
conditions it had detrimental effect on intelligibility.

Figure 4.7: Input and Output waveforms for the MMSE algorithm for the sentence ’The birch
canoe slid on the smooth planks’ at 5dB SNR. Left: input; Right: output

Figure 4.8: GUI for the MMSE client

Figure 4.9: GUI for the EE client
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Algorithm Tester

For the purpose of subjectively evaluating the performance of the above processing schemes
an algorithm tester was developed using GTK and JACK. The program was developed as a
JACK client, thus taking advantage of the signal routing mechanisms offered by the JACK
API. An intuitive GUI was developed to facilitate testing of subjects with minimal supervision
(see Figure 4.11). The GUI gathers all required personal information about the subject and
initiates the test sequence. The main goal of the tester was to aid the algorithm designer to
select one of two algorithm options. Each option is fed to one of the tester’s inputs.
The structure of the tester can be seen in Figure 4.10. The program randomly assigns each
of its two inputs to one of the playback buttons on the GUI. The test participant then plays
each one and rates the two options on a scale between -10 and 10. Where -10 represents
high preference for the first option and 10 represents high preference for the second option, the
values inbetween allow for a range of subjective answers. The responses were then summed up
in their respective categories (option 1 or option 2) and stored into a file which can be accessed
at the end of the test.

Figure 4.10: Block Diagram for the Algorithm tester

Figure 4.11: Algorithm Tester GUI
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4.4

Real-Time framework

The RT framework is composed of the JACK server and all of the JACK clients connected to
the server at any one time. Each client is executed once per processing cycle as requested by
the JACK server. Refer to Figure 4.12 representing the user view of the RT framework. From
top to bottom, depicted are: server status window, connection list window (implementing the
algorithm chain given in Figure 4.13), algorithm GUIs for two MMSE clients and one EE
client, and finally RT oscilloscope displays showing the output (left) and inputs(right) for the
algorithm chain. External JACK clients were utilized for RT data visualization (meterbridge).
This was the configuration (clients and interconnections) used to generate the data sets used in
the subjective evaluation.

4.5

Summary

This chapter described the structure of the RT framework, it provided details of the JACK server
operation and gave a template for future JACK client development. A brief description of RT
scheduling and the modifications required for a stock Linux kernel to make be viable in highfidelity RT audio processing environment were given. Recommendations were provided for
the development of algorithms for the framework, including special case handling, algorithm
structure and best practices. Finally a detailed description of the implementation of Envelope
Enhancement and logMMSE algorithms is given. A tool used in deciding between algorithm
configuration options was described as it was developed for the framework.
The next chapter focuses on the evaluation of the performance, parameters and subjective
merits of the developed audio interface, RT framework and algorithms.
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Figure 4.12: RT framework layout

Figure 4.13: Sample algorithm chain including the MMSE and EE clients

Chapter 5
Hardware, Framework and Algorithm
Evaluation

5.1

Audio Interface Parameters

The audio interface parameters were based on the requirements imposed on the project, as well
as the capabilities of the AD1989a codec. The available sampling rates ranged from 8 to 192
kHz at word lengths of either 16 or 32 bits.
Measurement of the input stage parameters were performed when the port was configured
as a microphone input. Input sensitivity calculation is based on the maximum available amplification provided by the AD1989a pre-amplifier. Maximum power output occurred at an
input level as low as 20mV under loaded condition (i.e. the input amplifier has its output connected internally to the codec, and therefore sources current). Input impedance was measured
by adding a series precision resistor (1Ω). The input RMS current was then measured as a voltage drop across the resistor. A function generator was used to provide the required frequency
for the test signal. The dynamic range was measured as the ratio of the full-scale deflection
possible on the input and the noise floor.
Measurements of the output stage included the headphone amplifier, which is internal to
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the codec. The output level for full scale deflection (before clipping occurs) was measured
as 1.25V (2.1dBu). The output impedance measurement was performed similarly to the input
stage, however, this time the audio interface itself was used as the function generator and a
precision multimeter was used to monitor the RMS voltage output. As with the input stage,
dynamic range was given as the ratio between full-scale output and the noise RMS level at the
output.
Available Stream Formats
Sampling Rates
8, 16, 32, 44.1, 48, 96, 192 kHz
Word Lengths
16, 32 bits
Input Stage Metrics(Ports B, C and E)
Input Sensitivity
-16dBu
Impedance(@ 4kHz)
150kΩ
Dynamic Range
90dB
Output Stage Metrics (Port A, HP enabled)
Output Level 0 dBFS
2.1dBu
Impedance (@ 4kHz)
1Ω
Dynamic Range
96dB
Average Power Consumption
195mW
Table 5.1: Measured audio interface parameters
Note that due to the CPU limitations of the Eurotech platform, sampling rates higher than
48 kHz are not recommended, as they require more frequent execution of the processing loop
and can result in frequent buffer overruns.

5.2

Framework Performance and Requirements Verification

The primary metric of the RT framework is the audio latency introduced by processing between the capture of audio data and replaying the corresponding output. The amount of delay
introduced by the processing scheme is given as average on per-frame basis. Values are given
for these configurations of the RT engine satisfying the minimum delay criteria, see Table 3.1.
Note that the RT engine latency includes the delay introduced by the processing algorithm,
because in the cases when the algorithm has a longer delay than one RT processing period it
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runs into an overrun condition which was not allowed. Therefore, the latency added to the total
by the processing scheme can only be due to delays introduced in the processing and not the
actual time each frame takes to compute. The measured values were gathered and summarized
in Table 5.2. A feed-through algorithm that took the input and copied it to the output without
any processing was introduced as a control and to establish a best case scenario baseline. As
discussed in Chapter 2 latency has many sources, and below a list of the ones that could either
be estimated or measured is given:
• Hardware I/O latency: associated with the time required for the ADC/DAC to settle
before the data is made available to the DMA, and subsequently copied to the input
buffer of the first JACK client in an algorithm chain.
• Sampling latency: associated with JACK and the refresh rate of the I/O buffers utilized
in the RT engine. It is equal to the period of processing iterations during RT engine
operation.
• Processing latency: This is the time it takes for the CPU to calculate the output based on
the client’s algorithm. It includes any lag introduced by filtering operations and buffer
alignment operations.
• Total latency: This is the amount of time between to introduction of a stimulus at the
microphone port and the observation of the corresponding effect on the output port (e.g.
headphones).

Table 5.2: Measured Latency for Various Processing Schemes. Each frame is 128 samples at a
sampling rate of 44100 Hz.(*) latency with correct client ordering
Algorithm
Hardware latency Sampling latency Processing latency Total latency
Feed-Through
< 1 ms
5.8 ms
0.0 ms
6.0 ms
EE
< 1 ms
5.8 ms
1.8 ms
6.0 ms
logMMSE
< 1 ms
5.8 ms
2.9 ms
6.0 ms
EE + logMMSE
< 1 ms
5.8 ms
4.7 ms
12.0(6.0*) ms
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Additionally, it should be noted that chaining JACK clients increases latency. This effect
comes from the way JACK buffers the data for each client. In any one processing iteration the
input to a given JACK client is the output from the preceding client for the previous frame. In
other words, the first client will process the input frame and passes it to its output, where JACK
will copy the data to the input buffer of the next client in the chain; however, this client will
process the data on the next frame iteration when it polls its input buffer. Therefore, each client
in a processing chain increases the I/O latency by an amount equal to the RT engine I/O latency.
One should work around the problem by explicitly ordering the JACK clients on the execution
“wheel”, ensuring that the client execution follows the order of chaining. This is done simply
by launching the clients in the appropriate order, thus ensuring that they are registered in the
correct spot on the execution “wheel”. In other words, the first client in the chain (closest to
the audio source) should be launched first, and the last client in the chain (closest to the audio
sink) should be started last. By doing this, data will flow from client to client within the same
frame iteration.
Based on the above it is recommended that a particular hearing-aid algorithm is implemented first as blocks to allow for easier debugging; however, in production it should be combined into a single client, thus eliminating intermediary buffers. This should be applied even if
explicit client ordering can be achieved. Such an approach limits the memory footprint of the
overall algorithm chain, and saves on memory copy operations, which are both time consuming
and potential thread blockers.

5.3

Speech Shaped Noise

Speech shaped-noise (SSN) was used for validation of the performance of the logMMSE algorithm. This type of noise has a spectrum which approximates the average long term spectrum
of the speech of an adult male and has a slope below 100 Hz of +6 dB/octave, a flat spectrum
between 100 Hz and 320 Hz, and above 320 Hz a slope of -6 dB/octave (this means that each

76

C 5. H, F  A E

time frequency is doubled, i.e. increases by an octave, the intensity drops by 6 dB). SSN has
a similar effect to the masking produced by a number of other speakers speaking at the same
time (multi-speaker babble) and as such it is a more realistic type of noise to use in speech
perception tests, compared to white or pink noise. Figure 5.1 demonstrates the spectrum of a
sample SSN waveform. The SSN filter characteristic function is derived from the long-time
average of sentences in the hearing in noise test (HINT) database, and then modeled as a 5th
order IIR filter. To generate an SSN sequence, first a random vector with values drawn from a
standard normal distribution, i.e. Gaussian was produced. This resulted in a vector containing
purely white noise, excluding anti-aliasing effects. The noise vector was then passed through
the SSN filter producing the required SSN sequence. For any given SNR a gain factor can be
calculated, that increases the power of the SSN sequence relative to the target speech segment,
thus producing the required SNR once the two are mixed.

Figure 5.1: Sample speech-shaped noise spectrum
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Subjective Validation

Subjective verification of the proposed system was performed using the developed framework
to evaluate the subjective quality of algorithm output and to verify framework performance.
Additionally, two experiments were performed to verify previously published results showing
improvement of word identification scores using EE on speech corrupted by AN [27]. Introducing noisy speech at the algorithm input expanded on that study in an attempt to emulate real
world situations. AN effects were simulated using a MATLAB based simulator (see Section
2.12).
The first experiment evaluated the effect EE has on clean speech when the result was presented to the AN simulator. The second experiment evaluated the combination of the logMMSE
and EE algorithms on noisy speech signals at two SNR levels: 5 and 10dB.
An example of the audio signal waveform as it travels through the processing chain is given
in Figure 5.2.

Figure 5.2: Processing of the sentence ’Smoke poured out of every crack’
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5.4.1

Stimuli, Pre-processing and Test Set Composition

Speech stimuli were taken form the HINT database. It consists of 28 wordlists, 10 sentences
each sampled at 44.1 kHz. The RT engine was configured to match the sampling rate to avoid
resampling of the database stimuli. Using the transcript of each sentence, keywords were
extracted. Each subject was asked to repeat anything they heard, and the number of correctly
matched keywords was recorded. Words from the transcript were recognized as keywords only
if they were longer than 4 letters and were not connection words such as: and, is, on, etc.
Finally, volume levels of each sentence were equalized and two noisy datasets were generated
using SSN at 5 and 10dB SNR. Pre-processing of the stimuli, as well as their presentation to
the subjects and the associated data collection was done using a custom MATLAB script.
Stimuli were presented randomly for each participant and for each AN condition and algorithm configuration. No stimulus sentence was repeated twice for any given subject, thus
ensuring that the subject was always presented with a new set of keywords to identify. Before
the beginning of each test, the participant was presented with a sample stimulus and asked if
the volume level was comfortable. The volume level was then adjusted if needed. During the
tests volume equalization was guaranteed by the pre-processing of the stimuli. For each participant a test table was generated describing the test procedure. Each table column represents an
algorithm configuration, and each table row represents an AN condition. The cells of the table
were assigned one of the HINT wordlists at random, and during the test, cells were selected
at random for each iteration, until the wordlist was exhausted, then the test continued with the
next randomly selected AN/EE configuration pair.

5.4.2

Methodology

In experiment 1, the clean speech signals from the generated datasets were processed in RT
through the EE algorithm. This included an input anti-aliasing filter followed by the EE algorithm as described in Section 4.3.1. The equalized, clean speech samples were processed in
RT through the EE algorithm and saved as a separate dataset. This dataset was then processed
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in non-RT by the AN simulator and the resulting files were used as the stimuli presented to
the subjects. Samples were generated for each AN condition given in Table 2.1. For this experiment, two different settings for the EE algorithm were used: strong and weak. The strong
EE has more pronounced envelope enhancement due to the higher value of τ = 0.001. The
weak EE has τ = 0.0001. The motivation of this experiment was to verify the results given in
[27] and evaluate the applicability of the proposed framework. Using two EE setups allowed
a choice to be made between the two, and the better performing setting was used in the next
experiment.
In Experiment 2 a noisy speech signal (corrupted by SSN at 5 and 10dB SNR) was processed in RT first through the logMMSE noise reduction algorithm followed by the weak EE
algorithm. The resulting dataset was then processed in non-RT with the AN simulator. The
motivation for this experiment was to demonstrate the applicability of the framework and developed system in real-life situations, where noise is omnipresent.
For both experiments the EE algorithm was initialized with Kmax = 4 and Kmin = 0.1. Band
distribution was set to four separate 3rd octave bands between 100 Hz and 4 kHz. Band signal
extraction was achieved using BPF FIRs of order 51. The main parameter that controls the
level of expansion of small envelopes and the level of compression of large envelopes (there
exists an indirect relationship between τ and the modulation factor) was set to two different
levels:
• Strong: τ = 0.001 - Very pronounced envelope enhancement.
• Weak: τ = 0.0001 - Less pronounced envelope enhancement.

The parameters of the logMMSE algorithm in the second experiment corresponded to the
original author’s implementation [48].
For both experiments the control condition was presented by the clean un-processed speech
segments modified only by the AN simulator for the respective AN condition.

80

C 5. H, F  A E

5.4.3

Results and Discussion

Subjective verification of the RT framework and AN algorithm chain on five normal hearing
subjects was performed. Stimuli presentation was done in non-RT, offline mode, due to the
limitation imposed by the AN simulator. Experiment 1 results are shown in Figure 5.3. Experiment 2 results are shown in Figures 5.4 and 5.5 for the two levels of SNR investigated.
Experiment 1 results demonstrate improvement in keyword identification for all AN conditions (from mild to severe) when the signal is pre-processed using the weak EE algorithm
and in the absence of noise. The improvement ranges from 10% at the severe AN condition
to less than 0.1% at the mild AN condition. When the strong EE algorithm is applied, speech
degradation is observed. This results in much lower identification scores as shown in Figure
5.3 where speech degradation is severe enough that identification scores were lower than the
control condition results for the same AN severity.

Figure 5.3: Envelope Enhancement Subjective Results for clean speech at two strengths of the
EE algorithms, error bars show standard deviation
Experiment 2 results demonstrated improvement of speech identification scores for both
investigated SNR levels, however, the improvement was limited to the profound and severe
AN conditions. Moreover, the improvement difference is lower than what was observed in
Experiment 1 for the same AN condition and weak EE. This is due to speech degradation
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introduced by the logMMSE algorithm. At lower SNR levels, noise reduction using a spectral
estimator can remove much of the original signal’s spectral components. This was confirmed
by the 10dB SNR test (see Figure 5.5) which showed slightly better results than the 5dB test
(see Figure 5.4). In both cases applying the logMMSE+EE algorithm chain to mild or moderate
AN conditions was found to be detrimental to keyword identification. Further investigation
with other noise types, such as: babble and car noise and more SNR levels is warranted for
additional insight on the effect of the combination of logMMSE and EE algorithms.

Figure 5.4: Envelope Enhancement Subjective Results for noisy speech at 5dB SNR, error bars
show standard deviation

5.5

Summary

This chapter illustrates the effects of the EE and logMMSE algorithms on clean and noisy
speech segments. The generation of SSN sequences was explained, and the results are applied
in the evaluation of the logMMSE and logMMSE+EE algorithm chains. Subjective validation
of the performance of the proposed algorithm chains is performed on speech corrupted by AN
through the use of a simulator and normal hearing subjects. The acquired results demonstrate
some improvement in word identification scores for the mild to moderate settings of the simu-
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Figure 5.5: Envelope Enhancement Subjective Results for noisy speech at 10dB SNR, error
bars show standard deviation
lator. In addition, an evaluation of two different strengths of the EE algorithm was performed.
Measurement methodology for the hardware parameters of the custom audio interface was
given, and the parameters were presented. Assessment of latency figures was performed on
the low-power Eurotech development kit. Based on this assessment a couple of configurations
for the RT engine were suggested that yielded latencies equal to or lower than the imposed
requirements.
The next chapter outlines the major contributions of this thesis, a detailed summary of
the achieved results and knowledge acquired during the work on this thesis. Finally, future
development areas are outlined.

Chapter 6
Conclusions and Future Work

6.1

Summary

Within the scope of this thesis a multichannel sound interface was designed and developed.
The requirements were that such an interface has to target portable hearing aid applications.
The sound system was based on the Intel HDA standard and designed to fit the Eurotech development kit, including the Eurotech Catalyst CPU and memory module. A driver specific to the
developed system was implemented as part of the Advanced Linux Sound Architecture. The
implementation of the sound system was verified against other similar systems and was found
to have comparable or better performance.
Additionally, a real-time framework for the development, testing and deployment of DSP
audio algorithms was implemented based on the the Jack Audio connection kit. Moreover,
a description and guidelines for developing JACK clients and implementing them within the
real-time framework are described. To complement the goal of the thesis an algorithm testing
application based on the RT framework was developed.
Envelope enhancement of speech signals, targeting people with auditory neuropathy, was
implemented as a part of the real-time framework. The algorithm was also used to assess the
viability of the framework for the target environment. Previously published results demonstrat83
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ing improvement in word identification scores are verified against the obtained results. Data
processing was done in real-time and subjective validation was performed in non-RT by normal
hearing listeners with the aid of an auditory neuropathy simulator.
It is well known that testing hearing-aid algorithms in real-life situations will be unquestionably corrupted by environmental noise. For such situations, the logMMSE noise reduction
algorithm has been implemented as part of the framework. In previous studies the algorithm
has been shown to that has been shown to perform better than other classes of speech enhancement algorithms.
The implementation of both algorithms complies with the guidelines given for clients of
the the real-time framework.

6.2

Major Contributions

The main contributions of this thesis include:

• Design, development, and evaluation of a multichannel sound system for portable hearing device applications. Designed to match the Intel HDA specifications, this module
directly plugs into the Catalyst board, and provides low latency audio functionality at
sampling rates of 48 kHz and lower.

• Development of a framework for algorithm development and testing. This framework
was implemented on the Linux OS, and it utilizes the JACK Audio interface, and Intel
signal processing libraries.

• Implementation of sample DSP algorithms for envelope enhancement and noise reduction utilizing this framework. Performance verification using pilot subjective tests.
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Future Work

• Further subjective testing to assess the effect the logMMSE algorithm has on speech
perception in individuals with AN. Such a study would compare the results from EE
alone applied to noisy speach and compare it to the results given herein.
• Implementation of other algorithms shown to improve speech perception by persons with
auditory neuropathy, including time-stretching and spectral enhancement.
• Completion of a handheld prototype will require design and implementation of the rest
of the modules outside the scope of this thesis. So far the Eurotech development kit has
served that purpose, but further development will be required. These modules include a
touch screen and the corresponding touch screen controller, power management, as well
as permanent storage devices including storage for the RT framework and RTOS.
• Deploying the complete handheld prototype in real-life situation and evaluating the performance of the modules developed within this thesis and future work sections. Such
field testing of the portable device should be done with both normal hearing and persons
with auditory neuropathy.
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Appendix A
SVM Classification
In its simplest linear form, an SVM is a hyperplane that separates a set of positive examples
from a set of negative examples with a maximal margin. In the more complicated case, when
the input feature vector is more than 2 dimensional, the SVM builds an optimal hyperplane
with number of dimensions equal to the length of the feature vector. This hyperplane, upon
optimization, is guaranteed to be at a maximal distance from the closest vector of either class.
This binary type of classification is readily applied to VAD, however care must be taken in
the composition of the feature vectors which are used as training data and consequently are
the inputs to the trained SVM. Given training data consisting of M samples in the form of N

dimensional patterns x~i = xi,1 xi,2 . . . xi,N and the corresponding classifications zi = ±1, i =
1, 2, . . . , M, the formula for the output of a linear SVM is
~ · ~x − b
u=w

(A.1)

~ is the normal vector to the hyperplane and ~x is the input vector. The separating hyperplane is
w
the plane for which u = 0, and in the case of perfectly separable data, the nearest vectors to the
plane lie on u = ±1, and are known as support vectors(SVs). The margin is therefore given by:
m=

1
||~
w||2
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(A.2)
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Maximizing the margin can be expressed via the following optimization problem[49]:
 1
~ = ||~
Minimize: φ w
w||2
2
Subject to:



(A.3)


~ · x~i − b zi ≥ 1, ∀i
w

(A.4)

We can solve the above optimization problem through the use of Lagrange multipliers as follows:
M

X 


1
~ , b, αi = ||~
~ · x~i − b zi − 1
L w
αi w
w||2 −
2
i=1


(A.5)

, αi ≥ 0, ∀i
αi are Lagrange multipliers. The optimization can be converted to a dual Quadratic programming(QP) problem[50], where the objective function is solely dependent on a set of Lagrange
multipliers αi :
M

min Ψ(~α) = min
~
α

~
α

M

M

X


1 XX
zi z j x~i · x~j αi α j −
αi
2 i=1 j=1
i=0

(A.6)

Subject to one inequality constraint and one equality constraint:
αi ≥ 0, ∀i
M
X

zi αi = 0

(A.7)

(A.8)

i=0

Note that each training sample corresponds to only one Lagrange multiplier and vice versa.
~ we can
Once we have solved the QP optimization problem given by (A.6) and obtained α
compute the optimal weight vector(~
w) and threshold (b) using the following[50]:
~=
w

M
X

~ · x~k − zk , for some αk > 0
zi αi x~i , b = w

(A.9)

i=0

Not all data was linearly separable, i.e. a hyperplane that splits the training data without
error may not exist. However Cortes and Vapnik[49] suggest a solution to this problem by
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introducing “slack” variables i to each training sample, which allows training data errors, but
imposes a penalty for each failure. By adding this condition to the original problem (A.3) we
get:
N

X
1
i
w||2 + C
min ||~
~ ,b,~ 2
w
i=1

(A.10)


~ · x~i − b ≥ 1 − i , ∀i
Subject to: zi w

(A.11)

C is a parameter that depicts the trade-off between wide margin and small number of margin failures. Once (A.10) is transformed into a dual QP problem the only change is that the
inequality constraint given by (A.7) is changed to a box constraint[50]:
αi ∈ [0, C] , ∀i

(A.12)

Here we note that the slack parameters only appear in the limit of the Lagrange multipliers and
as such determine which of the training set vectors will become support vectors (vectors with
αi , 0 or C).
The novel feature for SVM classification in Sohn, et.al[34], was reported to be the LR, and
in Jo, et.al[51] it is used as the elements of the feature vector. Therefore the decision statistic
becomes:


~
~
~ · Λ(n)
f Λ(n)
=w
+b

(A.13)

~ and b are the optimized weight vector and threshold respectively.
where w
The Karush-Khun-Tucker (KKT) conditions are necessary and sufficient conditions for an
optimal point of a positive definite QP problem. In our case, the QP problem given by (A.6)
with the box constraint given by (A.12) is solved, according to [50], when:
 
~i ≥ 1
αi = 0 ⇐⇒ zi f Λ
 
~i = 1
αi ∈ (0, ) ⇐⇒ zi f Λ
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~i ≤ 1
αi = 0 ⇐⇒ zi f Λ

Note that the above implies that in the calculation of the decision statistic we need not pay
attention to any training samples that have a Lagrange multiplier equal to 0 or C, as they
correspond to correctly classified and misclassfied samples, respectively. The same is not true
during training, as most training algorithms for SVM involve sequential optimization, and
therefore the values for αi s can and will be changing during optimization. Any Lagrange
multiplier in (0, C) paired with the corresponding zi and xi represent a support vector. Therefore
to obtain the weight vector and threshold by only using the non-bound Lagrange multipliers
we can simplify (A.9) to:
~=
w

X

zi αi x~i , for ∀αi , 0 or C

(A.14)

~ · x~k − zk , for some αk , 0 or C
b=w

Scatter plot analysis as performed in[51] reveals significant overlap in feature space (see
Fig.A.1). To help alleviate this problem a kernel function is employed. The kernel function can
be non-linear, and thus allows for a linear plane in kernel space to exhibit non-linear behaviour
in feature space. The kernel function that has shown the most promise for separating LR based
feature vectors was reported in [51] as the Radial Basis Function (RBF) kernel:
||~xi − x~j ||2
K x~i , x~j = exp −
σ2




!
(A.15)

where σ is the kernel width. Using the result from (A.14) and modifying the VAD decision
statistic (A.13) to account for a kernel function results in the final decision statistic given by:

 X


~
~ i, Λ
~ (n) + b, ∀αi , 0 or C
f Λ(n)
=
α i zi K Λ

(A.16)

Λi are the support vectors obtained during optimization and Λ is the input to the trained SVM
Solving the QP problem to obtain the Lagrange multipliers can be quite involved and there
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Figure A.1: Scatter plot for Λ6 and Λ7
are several methods to do so, including a couple of freely available software packages:
• Chunking is the method proposed by Vapnik[52] and it breaks down the QP problem
into smaller QP problems, by eliminating support vectors with corresponding Lagrange
multipliers equal to 0
• S V M light is a software package the uses theory developed by Joachims et al.[53] and is
based on successive shrinking of the training set.
• Osuna et al.[54] proved the theorem showing that a large QP problem can be broken
down to sub-problems. As long as there is at least one sample in the training set that
violates the KKT conditions, that sample can be added to the working set and jointly
optimized.
• Sequential Minimal Optimization (SMO) was defined by Platt et al.[50] and is the algorithm of choice for this paper. SMO takes advantage of the Osuna theorem and chooses
to jointly optimize only two Lagrange multipliers at a time. Modifications to the SMO
algorithm are proposed by Keerthi et al.[55]
• LibSVM is a software package that is based on SMO, with the addition of a momentum
parameter that allows the optimization to speed up under certain conditions[56, 57]
Previous work with VAD and SVM in terms of feature vector composition includes:
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• Enqing et al.: The authors use the full-band energy difference, the low-band energy
difference and the zero crossing rate as features to the SVM[58].
• Kinnunen et al.: The authors use the Mel-frequency cepstrum coefficients as the basis
for the feature vectors[59].
• Temko et al.: The authors use Linear Discriminant Analysis (LDA) of FF parameters as
well as metrics estimating the dynamics of the speech signal[60].
• Shin et al.: The authors use the a priori and a posteriori SNR as well as predicted
SNR, estimated by the long-term smoothed power spectra of the background noise and
speech[61]
Fig.A.2 and fig.A.3 demonstrate the output of the proposed SVM and compare it to the

manually generated labels, and the GM method for two different SNR conditions (5dB and
10dB)
Table A.1: Error rates of GM and SVM based VAD for various SNR conditons, compared to
values reported in original study
SNR[dB] GM[%] RBF[%] RBF[%][51] Linear[%][51]
0

53.2

76.9

-

-

5

30.5

56.5

30.7

32.8

10

18.2

37.9

22.7

28.0

20

5.47

17.0

21.6

26.9

∞

0.0

0.06

-

-
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Figure A.2: VAD decisions for a single speech segment from the training set. SNR=5dB

Figure A.3: VAD decisions for a single speech segment from the training set. SNR=20dB

Appendix B
HDA Pin Configuration and Verb Table
B.1

Pin/Port Configuration
0x11
0x14
0x15
0x17
0x12
0x16

0x01211170
0x01a11110
0x01a11130
0x01a11150
0x40f01020
0x40f01020

Port A - headphone output, Stream ID 7
Port B - microphone input, Stream ID 1
Port C - microphone input, Stream ID 3
Port E - microphone input, Stream ID 5
Port D - unconnected
Port F - unconnected

Table B.1: Port Configurations
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Initialization Verb table
NID
0x03
0x04
0x05
0x06
0x0a
0x08
0x09
0x0f
0x11
0x22
0x22
0x37
0x03
0x03
0x03
0x08
0x08
0x08
0x0c
0x0c
0x39
0x14
0x09
0x09
0x09
0x0d
0x0d
0x3a
0x15
0x0f
0x0f
0x0f
0x0e
0x0e
0x3c
0x17

Verb
0x705
0x705
0x705
0x705
0x705
0x705
0x705
0x705
0x707
0x701
0x3
0x701
0x705
0x2
0x706
0x705
0x2
0x706
0x701
0x3
0x3
0x707
0x705
0x2
0x706
0x701
0x3
0x3
0x707
0x705
0x2
0x706
0x701
0x3
0x3
0x707

Payload
0x03
0x03
0x03
0x03
0x03
0x03
0x03
0x03
0x60
0x00
0xf000
0x00
0x00
0x0211
0x07
0x00
0x0211
0x01
0x01
0x7080
0xb002
0x22
0x00
0x0211
0x03
0x02
0x7080
0xb002
0x22
0x00
0x0211
0x05
0x04
0x7080
0xb002
0x22

Description
Power down DAC0 to D3 State
Power down DAC1 to D3 State
Power down DAC2 to D3 State
Power down DAC3 to D3 State
Power down DAC4 to D3 State
Power down ADC0 to D3 State
Power down ADC1 to D3 State
Power down ADC2 to D3 State
Port A Vref-¿gnd enable headphone amp
Mixer A select input from NID37 = Mux A
Mixer A unmute
Mux A select input from NID03 = DAC0
Power up DAC0 to D0 state
Set DAC0 format to 16khz 16bit, stereo
Assign stream ID 07
Power up ADC0 to D0 state
Set format to 16khz 16bit stereo
Assign stream id 01
ADC0 select input from NID39 = Microphone boost B
ADC0 unmute and gain 0db
Set Boost b gain to 20db and unmute
Set port B as input and Vref to ground Gnd
Power up ADC1 to D0 state
Set format to 16khz 16bit stereo
Assign stream id 03
ADC1 select input from NID3a = Microphone boost C
ADC1 unmute and set gain to 0db
Set Boost C gain to 20db and unmute
Set port B as input and Vref to ground Gnd
Power up ADC2 to D0 state
Set format to 16khz 16bit stereo
Assign stream id 05
ADC2 select input from NID3c = Microphone boost E
ADC2 unmute and set gain to 0db
Set Boost E gain 20db and unmute
Set port C as input and Vref to Ground

Table B.2: Verb Sequence Configuring the AD1989 to the required specifications

Appendix C
Software Libraries
C.1

Intel Performance Primitives(IPP)

C.1.1

Introduction

Intel Integrated Performance Primitives (Intel IPP) is an extensive library of multicore-ready,
highly optimized software functions for multimedia, data processing, and communications applications. Intel IPP offers thousands of optimized functions covering frequently used fundamental algorithms. It is a multi-threaded library of functions for multimedia and data processing applications, produced by Intel. The library supports Intel and compatible processors and
is available for Windows, Linux, and Mac OS X operating systems. It is available separately
or as a part of Intel Parallel Studio.
The Intel IPP for Intel architecture software enables taking advantage of the parallelism of
the single-instruction, multiple-data (SIMD) instructions that make up the core of the MMX
technology and Streaming SIMD Extensions. These technologies improve the performance
of computation-intensive signal, image, and video processing applications. Use of Intel IPP
primitive functions can help to drastically reduce development costs and accelerate time-tomarket by eliminating the need of writing processor-specific code for computation intensive
routines.
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Hardware and Software Requirements

The Intel IPP for Intel architecture software runs on personal computers that are based on
processors using IA-32, Intel 64 or IA-64 architecture and running Microsoft Windows* OS,
Linux* OS, or Apple Mac OS* X. Intel IPP can be integrated into the customers application or
library written in C or C++.
Intel IPP for Intel architecture software runs on Windows* OS, Linux* OS, and Mac OS*
X platforms. The code and syntax used in this manual for function and variable declarations
are written in the ANSI C style. However, versions of Intel IPP for different processors or
operating systems may, of necessity, vary slightly.

C.2

GTK and Glade

GTK+, or the GIMP Toolkit, is a multi-platform toolkit for creating graphical user interfaces.
Offering a complete set of widgets, GTK+ is suitable for projects ranging from small oneoff tools to complete application suites. GTK+ is written in C but has been designed from
the ground up to support a wide range of languages, not only C/C++. Using GTK+ from
languages such as Perl and Python (especially in combination with the Glade GUI builder)
provides an effective method of rapid application development.GTK+ is free software and part
of the GNU Project. However, the licensing terms for GTK+, the GNU LGPL, allow it to be
used by all developers, including those developing proprietary software, without any license
fees or royalties.

C.2.1

Provided GUI Widgets

• Windows (normal window or dialog, about and assistant dialogs)
• Displays (label, image, progress bar, status bar)
• Buttons and toggles (check buttons, radio buttons, toggle buttons and link
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• buttons) Numerical (horizontal or vertical scales and spin buttons) and
• text data entry (with or without completion) Multi-line text editor
• Tree, list and icon grid viewer (with customizable renderers and
• model/view separation) Combo box (with or without an entry)
• Menus (with images, radio buttons and check items)
• Toolbars (with radio buttons, toggle buttons and menu buttons)
• GtkBuilder (creates your user interface from XML)
• Selectors (color selection, file chooser, font selection)
• Layouts (tabulated widget, table widget, expander widget, frames,
• separators and more) Status icon (notification area on Linux, tray icon on Windows)
Printing widgets
• Recently used documents (menu, dialog and manager)
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